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Abstract
Due to its spectral efficiency and robustness over the multipath channels, orthogo-
nal frequency division multiplexing (OFDM) has served as one of the major modulation
schemes for the modern communication systems. In the future, the wireless OFDM systems
are expected to operate at high carrier-frequencies, high speed and high throughput mobile
reception, where the fasting time-varying fading channels are encountered. The channel
variation destroys the orthogonality among the subcarriers and leads to the intercarrier
interference (ICI). ICI poses a significant limitation to the wireless OFDM systems. The
aim of this dissertation is to find an efficient method of providing reliable communication
using OFDM in the fast time-varying fading channel scenarios.
First, we investigate the OFDM performance in the situation of time-varying mo-
bile channels in the presence of multiple Doppler frequency shifts. A new mathematical
framework of the ICI effect is derived. The simulation results show that ICI induces an
irreducible error probability floor, which in proportional to the Doppler frequency shifts.
Furthermore, it is observed that ICI power arises from a few adjacent subcarriers. This
observation motivates us to design the low-complexity Q-tap equalizers, namely, Minimum
Mean Square Error (MMSE) linear equalizer and Decision Feedback (DF) non-linear equal-
izer to mitigate the ICI. Simulation results show that both Q-tap equalizers can improve
the system performance in the sense of symbol error rate (SER).
To employ these equalizers, the channel state information is also required. In this dis-
sertation, we also design a pilot-aided channel estimation scheme via Wiener filtering for a
xi
time-varying Wide-sense Stationary Uncorrelated Scatterers (WSSUS) channel model. The
channel estimator utilizes that channel statistical properties. Our proposed low-complexity
ICI suppression scheme, which incorporates the Q-tap equalizer with our proposed chan-
nel estimator, can significantly improve the performance of the OFDM systems in a fast
time-varying fading channels.
At the last part of the dissertation, an alternative ICI mitigation approach, which
is based on the ICI self-cancellation coding, is also discussed. The EM-based approach,





As perceived in a wide variety of mobile wireless-access applications from voice com-
munications to multimedia data networks in the internet and video broadcasting nowadays,
the demand for high-performance broadband multimedia wireless communication systems
has drawn popular interests in designing the high-speed, high-quality wireless networks
which can achieve the similar quality-of-service of the conventional wired networks. In
any mobile radio environment, the multipath effect dominates when the signal waveforms
propagate through the air media. If the channel maximum delay spread is longer than the
transmitted symbol duration, the received signals suffer from the severe inter-symbol inter-
ference (ISI). Some existing well-known approaches to combat this ISI problem are related
to the employment of the equalizer, code-division multiple access (CDMA) and orthogonal
frequency division multiplexing (OFDM) techniques. Generally speaking, the implementa-
tion complexity of an equalizer is proportional to the channel delay spread; for example, the
corresponding complexity of the maximum likelihood sequence estimator (MLSE), which is
one of the best equalization schemes for minimizing the bit error rate (BER), increases
exponentially with the channel delay spread. In the CDMA systems, the RAKE receiver’s
structure becomes complicated as the number of RAKE fingers increases when the data
rate increases for a fixed delay resolution. The OFDM technique is one of the promising
candidates for high-speed communications due to its immunity to the multipath fading
channels; by converting a broadband signal into a set of narrowband orthogonal signals for
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parallel transmission, each narrowband signal suffers from an approximate frequency-flat
fading, and thus needs a one-tap equalizer to compensate the endured multiplicative chan-
nel distortion. A general discussion on the existing broadband communication techniques
including OFDM will be presented in this chapter. This chapter is organized as follows.
Section 1.1 presents an introduction of the contemporary wireless broadband communica-
tion techniques. In Section 1.2, a major wireless broadband technique, OFDM, together
with its system description, is introduced. At the end of this chapter, we provide the outline
of this dissertation work.
1.1 Broadband Communications
This section introduces the general broadband communication system and several
technologies such as OFDM, adopted in the existing broadband communication system.
A communication system is called itbroadband if the system bandwidth is larger
than that over which the channel transfer function can be considered constant, typically
on the order of 100KHz. In the early and mid-1990s, the wireless radio was used almost
exclusively to transmit speech signals. The large bandwidth requirement for the broad-
band system stems from the multiple-access demand, such as frequency division multiple
access (FDMA), which increases the transmission bandwidth to accommodate more and
more users, rather from the individual user’s demand for large bandwidths. However, the
individual user’s bandwidth requirements are dramatically changing as data transmission
and multimedia applications enter the mobile radio market. The third-generation (3G)
wireless systems allow faster internet access, video telephone, and many other applications
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that require the high-speed data rates in hundreds or thousands of kilobits per second
(Kbps) for each user. High-speed wireless computer links even demand 20Mbps (megabits
per second). As a result, a modern wireless communication system will provide the same
quality-of-service as any wired network like xDSL (Digital Subscriber Line). This strin-
gent data-rate requirement is challenging and would need an evolutionary progress in the
wireless broadband communication technologies. Ultimately, the aim of any future mobile
communications system is to provide the quality-of-service in parallel with the wired sys-
tems.
In typical mobile radio channels, multipath propagation arises from many reflections
of the transmitted signal. Due to the multipath propagation from the transmitter to the
receiver, the received signal consists of several echoes with different delays and amplitudes.
In other words, the impulse response of any mobile radio channel is not a sole Dirac-delta
sequence, but a sequence of multiple pulses; thus such a mobile channel is often described
as time dispersive. If the maximum delay spread of the channel is much smaller than the
transmitted symbol duration, this time dispersion effect on the system performance is in-
significant and the system can be deemed operating in a narrowband. On the other hand,
the maximum delay spread is longer than the transmitted symbol duration, the system’s
operation can be deemed in a broadband. Despite the dependence on the transmission
channel, it can be always estimated whether a mobile radio system is operating in the
broadband or not. In outdoor environments, the maximum delay is typically in the order
of 5−20µsec; whereas in indoor environments, it is in the order of 0.1−1µsec or less. Thus,
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we can find that an outdoor communication system at a data-rate in excess of 10Kbps, and
an indoor system at 200Kbps both can be considered operating in the broadband accord-
ingly.
In the broadband communication system, the time dispersion property of the channel
leads to the ISI, which would degrade the overall system performance. Therefore, for the
broadband communications, we have to design a mechanism to combat the time-dispersion
problem induced by the channel. There are four existing approaches to deal with the ISI
for the broadband mobile radio systems, which are listed as follows.
• Unequalized Systems:
Considerable research [1]-[3] was conducted to quantify the bit error rate (BER)
for an unequalized (intrinsic) system in the presence of noise, and the ISI due to the
channel time dispersion. The studies on the unequalized systems continued until the
middle and late 1990s. The ISI resulting from the time dispersion was treated as the
additive noise [1]-[3] and such a system was designed in the narrowband model. This
is a very simple approach that would often result in a system performance even worse
than a narrowband system.
• Equalizers:
This approach in [4] exploited the inherent delay diversity associated with the
time-dispersive channels, and utilized the equalizers to combat the ISI, and thus
improved the system performance over the unequalized system. There were three
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equalization schemes including the MLSE which was optimal in the sense of mini-
mum error probability, the linear equalization filter with adjustable coefficients, and
the decision feedback (DF) equalization which employed the previously detected sym-
bols to suppress the ISI in the presently detected symbols.
Prior to 1990, speech signal had been transmitted by analog modulation (AM)
together with FDMA and the channel frequency spacing was around 25-30KHz. Data
transmission was through a channel capacity similar to such a frequency spacing.
Since 1990, the voice communications have been digitalized and entered a new era. In
the United States, the D-AMPS system integrated a digital speech encoder to trans-
mit speech signals over a 30KHz channel by TDMA; similarly, the JDC standard in
Japan allocated the speech signal transmission into a 25KHz channel; the equaliza-
tion was usually employed in these TDMA/FDMA systems. The adopted equalizers
in the D-AMPS standard counter-measured the time dispersion of the channel. The
underlying equalizers employed a few taps only since the time dispersion almost never
exceeded two symbol intervals; in addition, they were adapted fast since the channel
was highly time-variant during one TDMA time slot. However, the JDC standard
did not address any equalizer but the necessity still remained.
The GSM specifications were published by ETSI in 1990 [5], which showed the
major breakthrough in mobile radio systems. GSM is a TDMA system with a channel
spacing of 200KHz. The standard in [5] specified an equalizer capable of coping with
the delays up to four symbol durations. The complexity of this equalizer is higher
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than that in the D-AMPS systems. The time slot in GSM in sufficiently short such
that the channel usually does not change significantly within one time slot. Thus, the
adaption algorithm for the equalizer can be greatly simplified in the GSM systems.
• Code Division Multiple Access (CDMA):
This approach utilized a RAKE receiver to collect the signal energy from the dif-
ferent propagation paths to combat the multipath problem. CDMA has been adopted
for UMTS (IMT-2000), which allows the high data-rates up to 2Mbps.
In the early 1990s, CDMA, previously used for military applications, was modi-
fied and extended to the civilian wireless communication applications. The US interim
standard IS-95 regulated a typical CDMA communication system for commercial
use. In the IS-95 standard, the transmitted information symbols are spread onto a
1.25MHz broadband spectrum by multiplying each bit with a sequences of chips, each
chip of 0.814µsec long. In the CDMA systems, the RAKE receiver is used to detect
all the distinguishable delay paths and then combines the associated signal compo-
nents prior to the final detection. This function is similar to an equalizer, but the
two implementations are quite different. The CDMA was later adopted by Japanese
and European standards to embark their 3G wireless systems, namely code-worded
W-CDMA (wideband CDMA). The W-CDMA system has a bandwidth of 5MHz and
is also an indoor broadband system, as opposed to the IS-95. For the hardware im-
plementation concern, there has always been interest in the efficient realization of
the RAKE receiver especially with a large number of fingers, since such an imple-
mentation is the hardcore of the CDMA systems. This implementation problem is of
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striking importance especially when the integration with the multiuser detection and
spatial signal processing is considered.
• Orthogonal Frequency Division Multiplexing (OFDM):
There emerges a new modulation/multiple-access technique, namely, OFDM.
Essentially, the OFDM allocates the transmitted information symbols onto many
subcarriers. The signals on the subcarriers are transmitted in parallel. Since the
total system throughput is the cumulative throughput among all subcarriers, the
data rate per subcarrier is only a fraction of that of the conventional single-carrier
systems such as TDMA with same throughput. Henceforth, the symbol duration on
each subcarrier is much longer than the conventional single-carrier schemes, and thus
can often reduce the ISI. The OFDM scheme allows us to design a wireless system
supporting the high-speed multimedia services.
OFDM exhibits the advantage over the conventional equalization approach for high-
rate data communications. The equalization approach can cope with the ISI over a longer
symbol sequence, but it is restricted by the induced computational complexity. For ex-
ample, a system with the transmitted data rate of 10Mbps endures a channel with a
maximum delay of 10µsec, the ISI could extend more than 100 symbols and the calculation
of the appropriate equalizer coefficients would be very complicated. Nevertheless, CDMA
is attractive due to its large spectral efficiency, multiple-access flexibility and outstanding
frequency reuse factor of 1. However, the problems of the multi-access interference and the
complexity for the multi-user detection have posed the limitation on the CDMA systems.
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Moreover, the larger the number of multipath delays, the more complex the hardware
implementation of the RAKE receiver. On the other hand, OFDM facilitates a simple
equalization for combating the frequency-selective fading channels.
OFDM has been proposed since the 1960s [6] and was suggested for the wireless appli-
cations in the 1980s [7]. From then on, the OFDM technique has become one of the preva-
lent broadband data communication technologies over the multipath fading environments.
Because of its immunity to the fading channels and the ISI, OFDM has been widely adopted
in several existing wireless-access standards such as digital audio broadcasting (DAB) [8],
digital video broadcasting (DVB-T) [9], the IEEE 802.11a [10] local-area network (LAN)
standard and the IEEE 802.16a [11] metropolitan-area network (MAN) standard. It allows
the data rates up to 75Mbps in the IEEE 802.16e WMAN standard [12]. Since it is capable
of higher data-rate communications than TDMA and CDMA systems, OFDM has also
been investigated as a potential candidate for the fourth-generation (4G) mobile wireless
systems. However, there still remain several challenges to the current OFDM technology,
which include the sensitivity to the frequency and time synchronization errors and the
often high peak-to-average-power-ratio (PAPR). In this dissertation, we focus on a ma-
jor OFDM challenge, namely the OFDM performance studies over the fast time-varying
multipath fading channels, which are characterized as the most difficult problem in the
wireless mobile OFDM applications. More detailed discussions on the OFDM systems will
be provided in the following section.
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1.2 Orthogonal Frequency Division Multiplexing (OFDM)
This section provides the OFDM introduction in further details. In typical wireless
environments, the various propagation paths lead to a time-dispersive channel, which causes
the ISI. If the data rate is low and the transmitted symbol duration is large in comparison
with the maximum channel delay, the ISI can be neglected. However, as the data rate
increases, the ISI becomes more and more severe and additional techniques are required to
combat ISI. One of the promising approaches to combat ISI is OFDM. OFDM allocates a
high-rate data stream to many low-rate data streams that are transmitted in parallel over
many subcarriers. Since the total system throughput is the cumulative throughput among
all subcarriers, the data rate per subcarrier is only a fraction of that of the conventional
single-carrier system with the same throughput [13]. OFDM has been already adopted in
the early military applications since 1960 [6]. However, the efficient and economical OFDM
implementation was not available due to the premature semiconductor technology at that
time. Today, the OFDM systems with high data rates are technically feasible. In principle,
OFDM is similar to FDMA. In a classical FDMA communication system, the transmit-
ted narrowband signals are independently generated, assigned to various frequency bands,
transmitted, and separated by the subband filters at the receiver. Similarly, in OFDM, the
available channel bandwidth is divided into many narrowband subcarriers. However, the
subcarriers are designed to achieve the minimum frequency separation required to main-
tain the orthogonality among the RF waveforms of the subcarriers while the signal spectra
for the different subcarriers still overlap with each other. In 1971, Weinstein and Ebert
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proposed a complete OFDM system, in which the OFDM was implemented using FFT
and IFFT, and a guard interval was introduced to eliminate the inter-block interference
(IBI) [14]. This general system model in [14] is adopted as the underlying OFDM frame-
work in this dissertation.
The OFDM advantages over the conventional single-carrier systems stand out in the
frequency selective fading channels. Since each subcarrier in an OFDM system has a
very narrow bandwidth, the symbol duration is increased and the ISI caused by the time-
dispersive fading channels is greatly mitigated. In addition, a guard interval is inserted at
the start of each transmitted OFDM symbol block. If the guard interval is longer than the
maximum delay spread of the channel, the IBI is completely eliminated [15]. For the time-
invariant frequency-selective multipath channels, which do not change during one OFDM
symbol block, a simple one-tap equalizer on each subcarrier can be employed to enhance the
symbol detection performance at the OFDM receiver. Previous research has been focused
on the OFDM system design over the time-invariant frequency-selective channels [16][17].
However, it is well known that the OFDM system is very sensitive to the local oscillator
carrier-frequency offset, the local oscillator phase noise, the time synchronization error, and
the Doppler frequency spread since they can destroy the subcarrier orthogonality [13] [15].
Hence, these aforementioned factors still remain as the major challenges in the OFDM
technology.
In the future, the OFDM systems are expected to operate at high carrier-frequencies,
high-speed mobile reception and high throughput and it would result in both time- and
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frequency-selective (time-varying) channels, wherein the time-invariant channel assumption
no longer holds. In such conditions, the channel variation during one OFDM symbol de-
stroys the orthogonality among subcarriers, and leads to the intercarrier interference (ICI)
and the OFDM performance degradation [18]. In the presence of ICI, the simple one-tap
equalizer does not provide the satisfactory performance anymore. In this dissertation, we
investigate the OFDM system behaviors in the time-varying channels where the ICI occurs.
In OFDM, the symbol-to-symbol variations of the channel characteristics are more severe
than those in the single-carrier systems due to its longer symbol duration. Time variations
of the channels during one OFDM symbol duration destroys the orthogonality among sub-
carriers, cause the ICI and result in an irreducible error probability floor in the conventional
OFDM systems with one-tap equalizers. This dissertation is focused on the investigation
of an efficient method of enhancing the OFDM systems in the fast time-varying fading
scenarios. Here, we restrict the future discussions on the time-varying multipath fading
channels together with the multiple Doppler frequency shifts.
1.3 Organization of the Dissertation
The outline of this dissertation is stated as follows. In Chapter 2, we formulate the
OFDM system transmission model over the fast time-varying fading channels in the pres-
ence of multiple Doppler frequency shifts. A new mathematical framework characterizing
the ICI effects is derived thereupon; the OFDM system performance is also analyzed and
evaluated over such time-varying fading channels. In Chapter 3, the existing ICI mitiga-
tion algorithms for combating the time-varying channels are discussed and summarized.
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We propose a novel ICI mitigation algorithm, which will show some advantages over the
existing methods in a certain channel conditions in Chapter 4; in our proposed algorithm,
we design a Q-tap MMSE linear equalizer and a Q-tap DF non-linear equalizer to miti-
gate the ICI. In Chapter 4, we also study a pilot-aided Wiener filter based MMSE channel
parameter estimation algorithm for the OFDM systems in the fast time-varying fading
channels. Our proposed pilot-aided Wiener filtering based channel parameter estimators
make use of the channel statistical properties. An alternative ICI mitigation approach,
which is based on the ICI self-cancellation [19][20], is presented in Chapter 5. Finally, a
brief summary and the remarks on the future research is drawn in Chapter 6. The symbol
notations used throughout this dissertation are listed in the “Symbol Notations” in pp. X.
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Chapter 2
OFDM in Fast Time-varying Fading Channels
OFDM is a promising modulation scheme over frequency-selective channels. In the
OFDM systems, the available channel bandwidth is divided into many narrowband subcar-
riers, which are transmitted in parallel. OFDM modulator splits a high-rate data stream
into many low-rate parallel substreams, and each substream is modulated onto the orthog-
onal subcarriers using the inverse fast Fourier transform (IFFT). If the bandwidth of each
subcarrier is much less than the channel coherence bandwidth, the signal on each subcarrier
is assumed to experience a flat-fading. Moreover, the inter-block interference (IBI) can be
removed using the insertion of a guard interval under the assumption that the length of the
guard interval is larger than the channel maximum delay spread. Therefore, the multipath
channel effect on each subcarrier can be represented as a single complex multiplicative
distortion. A simple one-tap equalizer can be employed to enhance the symbol detection
performance at the OFDM receivers. Despite these advantages, the OFDM increases the
symbol duration and causes the adverse effects in the fast time-varying fading channels.
For instance, the time variations of the channel characteristics within one OFDM symbol
block destroy the subcarrier orthogonality and result in the inter-carrier interference (ICI).
This ICI would induce an irreducible error probability floor in the conventional OFDM
receivers integrated with one-tap equalizers. The performance degradation due to the ICI
becomes significant as the carrier frequency, the OFDM symbol block duration, and the
receiver’s mobility increase.
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The OFDM system performance caused by the ICI in the time-varying channels has
been studied in the literature [18][21]-[25]. All of the existing ICI analyses are based on
the assumption that the Doppler frequency shifts for all propagation paths are identical
and the ICI results only from a time-varying channel. However, in any wireless commu-
nication systems, as the mobile subscriber moves across the area covered by several base
stations, the differences in the base station locations, the signal propagation paths and the
signal incident angles with respect to the direction of the subscriber movement result in the
distinct Doppler frequency shifts among the propagation paths. In this chapter, first the
OFDM system model and the adopted channel model are described. Then we investigate
the OFDM system performance in the fast time-varying fading channels in the presence of
multiple Doppler frequency shifts. The OFDM system model is formulated in Section 2.1.
Section 2.2 presents the channel model adopted in this dissertation. In Section 2.3, we
derive a new mathematical framework for the ICI analysis; the OFDM system performance
is also quantified and evaluated over the fast time-varying fading channels in the presence
of multiple Doppler frequency shifts accordingly. The concluding remarks for this chapter
are given in Section 2.4.
2.1 OFDM System Model
In an OFDM system, the usable bandwidth is divided into N spectrally equispaced
subcarriers. Thus, N transmitted signals are modulated onto each subcarrier indepen-
dently. An OFDM signal consists of N subcarriers with a frequency spacing ∆f . The signal
waveforms on the subcarriers are orthogonal to each other within a period of Tf = 1/∆f .
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Since the bandwidth is divided into N narrowband subcarriers, the OFDM symbol block
duration Tf is N times longer than that of the single-carrier systems allocated with the
same bandwidth. Typically, for a communication system, the number of subcarriers N is
chosen such that the OFDM symbol block duration Tf is longer than the channel max-
imum delay spread. To avoid the IBI, the OFDM symbol block is extended by a cyclic
prefix, which is also called guard interval with the length Tg. Hence, the complete OFDM
block duration is T = Tf + Tg. One of major OFDM advantages is IBI-free. If the guard
interval length Tg is larger than the maximum channel delay spread, the interference from
the previous OFDM symbol block appears within the guard interval only. At the receiver,
the signal samples in the guard interval are discarded. Therefore, the IBI is completely
eliminated, and the orthogonality of subcarriers can be retrieved at the receiver. In this
section, we provide an analytical description of the general OFDM transmission scheme.
We also describe how the OFDM signal is generated at the transmitter, as well as how the
symbol detection is achieved at the receiver.
In an OFDM system, the transmitted symbols are modulated onto each subcarrier
independently. Let Xi,k denote the complex-valued transmitted information data, for the
kth subcarrier in the ith OFDM symbol block. Since the samples in the guard interval are
discarded at the receiver, we need to consider the signals transmitted in the period of Tf
only. Thus, within the ith OFDM symbol duration Tf , the signal transmitted on the kth
15





j2πfkt, (i − 1)T + Tg ≤ t ≤ iT
0, otherwise,
(2.1)
where fk = k∆f =
k
Tf
is the center frequency for the kth subcarrier. Therefore, the




Xi,kgk (t), (i − 1)T + Tg ≤ t ≤ iT, (2.2)
where gk (t) ≡ 1√T f e
j2πfkt, the 1√
T f
is the normalization factor. According to Eq. (2.1), the
RF waveform of each subcarrier is mutually orthogonal, i.e.,





l (t) dt = δ (k − l) , (2.3)
where δ (·) denotes the Dirac’s delta function. Therefore, the transmitted signal Xi,k can
be recovered by a correlation operation at the receiver, i.e.
Xi,k =< xi (t) , gk (t) >, (i − 1)T + Tg ≤ t ≤ iT. (2.4)
Eq. (2.1)-Eq. (2.4) describe the basic OFDM modulation operations. Usually, the OFDM
modulation is implemented in the discrete time domain rather than in the continuous time
domain [14]. The OFDM transmitter and receiver implementations in the discrete time
domain [14] will be presented next.
A. OFDM Transmitter
Since there are N subcarriers in one OFDM symbol block, each with bandwidth
∆f , the OFDM signal bandwidth is B = N∆f , and the corresponding sampling
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period is Ts = 1/B =
1
N∆f
. Thus, the discrete-time transmitted signal xi,n for the
nth time sample in the ith OFDM symbol block is represented as
















where the factor 1√
NTs
is the normalization factor. Eq. (2.5) illustrates the inverse
discrete Fourier transform (IDFT) operation. In practice, the OFDM signal xi,n is
generated using IFFT as shown in Fig. 2.1. Figure 2.1 depicts a basic OFDM system
diagram including both transmitter and receiver.
Figure 2.1: Baseband OFDM transmission model with N subcarriers
According to Figure 2.1, a block of N complex-valued transmitted symbols Xi,k
are fed into the OFDM modulator; an N -point IFFT is employed to generate N
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subcarrier sequences. The nth discrete-time transmitted signal in the ith OFDM











is also a normalization factor. To avoid the IBI, the guard interval consists
of a cyclic extension of the OFDM-modulated sequence, i.e., the last G samples of
the IFFT outputs, are appended at the beginning of every OFDM symbol block. The
guard interval duration is Tg = GTs. In this dissertation, it is always assumed that
the guard interval duration Tg is longer than the maximum channel delay spread.
Therefore, the IBI is completely eliminated. After the guard interval is appended,
the transmitted OFDM signals xi,n are sent through a parallel-to-serial port (P/S)
and a digital-to-analog converter (DAC), and then passed through a low-pass pulse
shaping filter. The resulting waveforms are then transmitted over a multipath fading
channel.
B. OFDM Receiver
At the receiver, the received signal r (t) can be separated into the N orthogonal
subcarrier signals by a correlation technique according to Eq. (2.3):
Yi,m =< r (t) , gm (t) >, (i − 1)T + Tg ≤ t ≤ iT. (2.7)
Alternatively, the correlation operator at the OFDM receiver can be implemented
using a discrete Fourier transform (DFT) as shown in Figure 2.1. After being through
the low-pass pulse shaping filter, the received signal is sampled at the rate Ts, i.e.,
yi,k = r ((i − 1)T + kTs). Then, the samples in the cyclic prefix interval are discarded,
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and the resulting sequence will go through an N -point DFT. Ultimately, the OFDM
demodulated symbol Yi,m, which is on the mth subcarrier in the ith OFDM symbol









If a time-invariant channel is considered, i.e., the channel does not change dur-
ing one OFDM symbol block duration T , the multipath channel effect only appears
as a multiplication of each subcarrier signal by a complex-valued channel factor. As a
result, the transmitted signal can be recovered by employing an one-tap equalizer at
the receiver to compensate the channel distortion. However, the subcarrier orthog-
onality still remains even with this channel effect and this is the pivotal advantage
of the OFDM technology. For the single-carrier systems with the same bandwidth,
a channel with a large maximum delay spread would result in severe ISI, while the
ISI is negligible in OFDM since the bandwidth of each subcarrier is narrow enough
to experience a flat fading, as long as the maximum channel delay spread is less
than the guard interval. This advantage holds under the strict assumption of perfect
time and frequency synchronizations at the receiver. However, in the future, the
OFDM systems are expected to operate at high-speed mobile reception and it would
result in both time- and frequency-selective (time-varying) channels, wherein the
time-invariant channel assumption no longer holds. In such conditions, the channel
variation during one OFDM symbol block destroys the orthogonality among subcar-
riers, and leads to the ICI. In the presence of ICI, the simple one-tap equalizer, which
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compensates the channel distortion as in conventional OFDM receivers, does not pro-
vide the satisfactory performance anymore. In the next section, we will introduce the
channel model adopted throughout the dissertation; we focus on the time-varying
multipath fading channels together with the multiple Doppler frequency shifts, and
the perfect time and carrier frequency synchronizations are assumed.
2.2 Channel Model
The OFDM system performance is determined by the channel over which the signals
are transmitted. The adopted channel model needs to be carefully studied prior to any
further discussion. We discuss the underlying channel model in this section.
In mobile wireless communications, there exist multiple propagation paths between
Figure 2.2: Tapped delay line channel model
transmitter and receiver in reality. The general mobile radio channel is characterized as
the tapped-delay line model, as shown in Figure 2.2. This channel consists of L delays and
each delay path is characterized by its delay spread τl, together with the associated channel
attenuation factor γl (t). For the selection of τl, there are essentially two possibilities;
first, they coincide with the arrival times of the physical paths; second, they are spaced
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equidistantly, i.e., τl = lTs, where Ts is the sampling period. We will adopt the latter case
(equidistantly spaced) in the dissertation. Consequently, the channel impulse response
(CIR) can be written as
h (t, τ) =
L−1∑
l=0
γl (t) δ (t − τl), (2.9)
where L is the number of delay paths, γl (t) is the time-varying attenuation coefficient for
the lth delay path, and τl is the delay spread between the transmitted and received signals.
The corresponding discrete channel model is given as
h (n, τ) =
L−1∑
l=0
γl,nδ (n − τl) , (2.10)
where h (n, τ) ≡ h (nTs, τ) , and γl,n ≡ γl (nTs) and the sampling period is Ts. It is usually
assumed that τ0 = 0. Moreover, the channel attenuation coefficient γl (t) is assumed to
constitute a zero-mean stochastic process. The overall power is always normalized to 1,
i.e.,
E {γl (t)} = 0, (2.11a)
L−1∑
l=0
σ2h,l = 1, (2.11b)
where E {·} is the expectation operator, and σ2h,l is the power of the channel attenuation
factor γl (t) for the lth delay path, i.e., σ
2
h,l ≡ E {|γl (t) |2}.
Usually, we would use the correlation function of the channel attenuation factor to
describe the channel properties. The correlation of the channel attenuation factor is given
by
rh (t1, t2, τl, τl′) ≡ E {γl (t1) γ∗l′ (t2)} . (2.12)
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However, this correlation function is usually too complicated in practice because it depends
on the four variables t1, t2, τl, τl′. A further simplification is achieved using the wide-sense
stationary uncorrelated scatters (WSSUS) assumption [26]. Based on the WSSUS assump-
tion, the channel correlation function in Eq.(2.12) is simplified as [4][26]
rh (t1, t2, τl, τl′) = φh (∆t, τl) δ (τl − τl′) , (2.13)
where ∆t = t1− t2. Eq. (2.13) implies that the channel attenuation factors associated with
different delay paths are uncorrelated with each other. For ∆t = 0, we define the function
φτ (τl) as φh (0, τ) , i.e., φτ (τl) ≡ φh (0, τl). The function φτ (τl), 0 ≤ l ≤ L−1, is known as
the multipath intensity profile of the channel. More explicitly, φτ (τl) is the average power
of the channel attenuation coefficient for a given lth delay path, which is defined in Eq.
(2.11b). Therefore, Eq. ( 2.11b) could be also written as
L−1∑
l=0
φτ (τl) = 1. (2.14)
In a rich scattering environment, the arrival angle of the received signal waveform is
a uniformly distributed random variable, which implies that the channel’s autocorrelation
function is separable in time and delay [27][28], i.e.,
φh (∆t, τl) = φt (∆t) φτ (τl) , (2.15)
where φτ (τl) is the aforementioned multipath intensity profile and φt (∆t) is called space-
time correlation function. For the WSSUS channel model, each delay path is assumed to
have the same space-time correlation function. The Fourier transform of the space-time
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Since the classical Jake’s model in [28] is for the situation in which the receiver (or
the transmitter) is mobile and this is the case we are interested in, we will adopt the Jake’s
model for our future discussions. For the Jake’s model, the space-time correlation function
is given as
φt (∆t) = J0 (2πf
′
D∆t) , (2.17)
where J0 () is the zeroth-order Bessel function of the first kind, and f
′
D is the maximum
Doppler frequency shift.
As we mention in Section 1.2, we restrict our discussions on the time-varying channels.
The time-varying behavior of each delay tap attenuation γl (t) is affected by the Doppler
power spectrum. In mobile communication systems, as the mobile subscriber moves across
the area covered by several base stations, the differences in the base station locations, the
signal propagation paths and the signal incident angles with respect to the direction of the
subscriber movement result in the distinct Doppler frequency shifts among propagation
paths. Every incident waveform on the mobile subscriber undergoes a Doppler frequency




cos θl = f
′
D cos θl, (2.18)
where λ is the incident wavelength, v is the mobile station’s moving speed, θl is the incident
angle for the lth incident wave, and f ′D is the maximum Doppler frequency shift which is
23
defined as f ′D =
v
λ
. It is assumed that the incident angles θl constitute a random variable
uniformly distributed in the interval between −π and π. Therefore, the probability density






, θl ∈ [−π, π] ,
0, otherwise.
(2.19)
Consequently, the Doppler frequency shifts, defined in Eq. (2.18), also constitute another
random variable. The probability density function of the Doppler frequency shift, denoted
as pf ′
l
(f ′l ), can be formed thereby. After some elementary calculations, we achieve the
following result for the probability density function pf ′
l
(f ′l ) of the Doppler frequency shift:
pf ′
l






1−(f ′l /f ′D)
2
, |f ′l | ≤ f ′D
0, otherwise.
(2.20)
In this dissertation, it is assumed that the Doppler frequency shift for each delay path has
the identical probability density function, as given by Eq. (2.20).
At the OFDM receiver, in the absence of time synchronization errors, the ith received








γl (t)xi (t − τl) ej2πf ′l (t−τl) + w (t) ,
where f ′l is the Doppler frequency shift for the lth delay path defined in Eq. (2.18) and w (t)
is the additive white Gaussian noise (AWGN). Then, we apply the assumption τl = lTs to
derive the corresponding discrete-time received signal. The sampling rate is Ts. The nth
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l (n−l) + wn, (2.22)
where yi,n ≡ r (nTs), γl,n ≡ γl (nTs) and wn ≡ w (nTs). It is noted that the received signal
in the current OFDM symbol block is not interfered by the symbols in the previous OFDM
symbol blocks with the aid of cyclic prefix. From now on, the OFDM symbol block index
i will be dropped for notational convenience.
According to the transmission model in Eq. (2.22), we will further investigate the ICI
effect on the OFDM system performance due to the channel variations in the presence of
multiple Doppler frequency shifts in the next section.
2.3 Properties of Intercarrier Interference (ICI)
Before we derive the mathematical framework for the ICI based on the aforementioned
transmission model, we give a brief introduction about the ICI effect due to the time-varying
channels in the existing literature.
In [18], according to the central-limit theorem, the ICI was modeled as a Gaussian
random process and the OFDM system performance degradation due to the ICI has been
discussed. Several Doppler spectra were also analyzed and compared in [21]. In [22], the
tight and universal bounds for the ICI resulting from the Doppler spread have been derived.
In order to achieve a signal-to-interference ratio (SIR) larger than 20 dB, the OFDM symbol
duration must be smaller than 8% of the channel coherence time based on the WSSUS
channel model in [23], and in [24] it is concluded that if the OFDM symbol normalized
maximum Doppler frequency shift f ′DTf is less than 0.01, a time-invariant channel can be
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assumed during one OFDM symbol interval. When an OFDM symbol duration is less
than 10% of the channel coherence time, the channel variation can be assumed in a linear
fashion [25]. However, all of the ICI analyses are based on the assumption that the Doppler
frequency shifts for all paths are identical and the ICI is induced only by a time-varying
channel. Consequently, this common Doppler frequency shift can be viewed as a portion
of local oscillator frequency shift, which is assumed to be time-invariant. A technique was
proposed to resolve the local oscillator frequency shift problem in [29], where an additional
frequency detector was incorporated with the phase-locked loop (PLL) employed for the
coherent OFDM signal detection. However, when the multiple Doppler frequency shifts
arise, the orthogonality among subcarriers can not be recovered by simply adjusting the
receiver’s PLL to compensate a constant Doppler frequency shift. The compensation of a
single Doppler shift for a particular path would still result in the frequency offset problems
for other different paths. In [30], the ICI problem for the two-path channels with different
Doppler frequencies was studied. In this section, we will analyze the ICI properties in detail
for a more realistic situation where there are more than two paths with different Doppler
frequency shifts. First, we will derive an OFDM transmission model for fast time-varying
channels. Second, the ICI properties are invertigated, and the ICI effects on the OFDM
performance are presented via computer simulations.
2.3.1 OFDM Transmission Under Time-varying Channels




































After discarding the prefix samples in the guard interval, the rest of the samples pass
through the OFDM demodulator. Hence the subject sequence is in the period of OFDM
duration Tf . The OFDM demodulated signal could be obtained using a DFT operation







































N is a complex-valued Gaussian noise process added on the
mth subcarrier. Since w (t) is a zero-mean white Gaussian noise process with variance σ2w,
obviously Wm is an independent zero-mean white Gaussian noise process with the same
variance w (t), i.e.,
E {Wm} = 0, ∀0 ≤ m ≤ N − 1, (2.25a)







= σ2W δ (m1 − m2) . (2.25c)
Two symbols are denoted here. εl ≡ f ′lTf is defined as the OFDM symbol normal-
ized Doppler frequency shift, while εD ≡ f ′DTf is defined as the maximum OFDM symbol
27






































































































N represents the multiplicative channel distortion at the subject











l is the ICI
coefficient specifying the interference from subcarrier k to subcarrier m. Besides, H
(m−k)
l












Furthermore, we can rewrite Eq. (2.26) in a matrix form such that
Y = C̃x + W, (2.28)
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where Y ≡ [Y0 Y1...YN−1]T , X ≡ [X0 X1...XN−1]T , W ≡ [W0 W1...WN−1]T and the




C0,0 C0,1 · · · C0,N−1










Here, the off-diagonal entry in the mth row, the kth column, Cm,k, 0 ≤ m, k ≤ N − 1
and the diagonal elements αm ≡ Cm,m, 0 ≤ m ≤ N − 1 are defined in Eq. (2.26). The
off-diagonal elements in C̃ defined in Eq. (2.29) represent the ICI caused by the time-
varying nature of the channel in the presence of multiple Doppler frequency shifts. In the
time-invariant channel without multiple Doppler frequency shifts, we have γl (t) = γl and
f ′l = 0, ∀0 ≤ l ≤ L − 1, where γl is a zero-mean random variable with the variance σ2h,l.
This leads to Im = 0 and Cm,k = 0, m 















Therefore, a one-tap equalizer can be employed at the receiver for the coherent detection
to compensate such a multiplicative channel distortion αm. On the other hand, in the
time-varying channel with multiple Doppler frequency shifts, the ICI coefficient matrix is
usually not diagonal and the ICI effect can not be ignored. We will investigate the ICI
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properties, including the corresponding second-order statistics, in the next sub-section.
2.3.2 ICI Properties
In this sub-section, we study the statistical property regarding the ICI Im in Eq. (2.26),
namely the variance of the ICI. For a sufficiently large N , the central limit theorem can
be invoked and the ICI Im can be modeled as a Gaussian random process. For the symbol
detection, the ICI can be simply considered as the additive Gaussian noise. Next, we will
derive an explicit mathematical expression for this ICI variance. The ICI variance σ2ICI can
be formulated as




















The transmitted symbols Xk are assumed to have zero mean and are uncorrelated for













































































where φt(n1 − n2) is the space-time correlation function, which is given in Eq. (2.15) by
setting ∆t = (n1 − n2)Ts. For notational simplicity, the sampling period Ts is discarded.






























1 − (f ′l/f ′D)2
df ′l .
Employing some manipulations together with the integral representation of the zeroth-order
























































φt (n1 − n2) J0
(












Finally, the ICI variance is written as
σ2ICI =

















where ∆n = n1 − n2. Note that the ICI variance is independent of the subcarrier index
m. Thus, according to Eq. (2.38), the ICI statistics is subcarrier-independent. Since the
maximum Doppler frequency f ′D is normalized by the OFDM symbol duration Tf , the ICI
variance is independent of the absolute Doppler frequency values. Figure 2.3 shows the
ICI variances, σ2ICI , versus the maximum OFDM symbol normalized Doppler frequency, εD,
































Figure 2.3: ICI Variances
According to Figure 2.3, for the Jake’s model, the maximum OFDM symbol normal-
ized Doppler frequency must be less than 0.05 rather than 0.08 as claimed in [23] to achieve
the SIR=20 dB or larger. It results from that the analysis in [23] did not consider the
multiple Doppler frequency shifts in the time-varying multipath channels.
To better understand the Doppler effect on the OFDM systems, Table 2.1 lists the
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Table 2.1: Doppler frequency
System fc(Hz) T(µs) f
′
D (Hz) εD
DVB-T 750M 1194.667∗ 69.5 0.083
802.11a[10] 5G 4 463.3 0.0019
802.16a[11] 2G-6G 12.8 185.3-556 0.0024-0.0071
UMTS[32] 2G 471.9 185.3 0.0875
HIPERLAN[33] 17G 51.2 1575.3 0.0807
WATM** 60G 2.3 5560 0.0128
*[9] 8K mode in 6MHz bandwidth.
** WATM (Wireless Asynchronous Transfer Mode) system parameters follow the specifications
of the Advanced Communications Technologies and Services (ACTS) Median System.
maximum Doppler frequencies f ′D and the corresponding maximum OFDM symbol nor-
malized Doppler frequencies εD for the mobile OFDM receiver at a speed of 100km/hr or
27.8m/s.
In order to further simplify the ICI coefficient matrix, we will investigate the variances


























Note that E {| Cm,m |2} is not a function of the subcarrier index m or it is subcarrier-
































It is noted that E {| Cm,k |2} is a function of the subcarrier offset m−k. Figure 2.4 depicts
E {| Cm,k |2} normalized by E {| Cm,m |2} as a function of m − k, where the number of
subcarriers is N = 256 and different maximum OFDM symbol normalized Doppler frequency
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values are considered. According to Figure 2.4, it can be found that as the maximum OFDM
symbol normalized Doppler frequency increases, more and more neighboring subcarriers
are involved to interfere the subject subcarrier. Figure 2.5 illustrates how many adjacent
subcarriers are actually involved to cause the ICI in percentage. Perceivably, the ICI power
tends to concentrate in the neighborhood of the subject subcarrier. When the maximum
OFDM symbol normalized Doppler frequency is as large as 0.8, 12 neighbour subcarriers
contribute as much as 95% of the total ICI power. In other words, the remote subcarriers,
which are far away from the subject subcarrier, cause much less ICI, i.e., |Cm,k1|2 > |Cm,k2|2
if (|m − k1|)N < (|m − k2|)N for any 0 ≤ m, k1, k2 ≤ N − 1 and k1, k2 
= m, where (i)N is
the modulo-N operator.














































Figure 2.4: ICI coefficient variance
According to Figure. 2.4 and Figure. 2.5, the ICI power decreases significantly as
|m − k| decreases. And the ICI arises from just a few adjacent subcarriers even if the
34








































Figure 2.5: Number of subcarriers involved in ICI
maximum Doppler frequency shift is high. Therefore, it is inefficient to build an ICI
equalizer involving all subcarriers since the interferences to the subject subcarrier mostly
comes from very few neighbouring subcarriers. This is the motivation for us to design an
efficient equalizer in this dissertation.
To conclude our new ICI analysis for time-varying multipath channels in the presence
of multiple Doppler frequencies in this section, we provide the OFDM system performances
based on the Monte Carlo simulations in terms of the average SIR over all subcarriers and
the symbol error rate (SER) in different conditions.




. Given the ICI variance
defined by Eq. (2.38), and αm defined by Eq. (2.39), the exact SIR for each subcarrier





SIRm. Figure 2.6 illustrates the average
SIRs obtained from the Monte Carlo simulation and the exact calculation. The simulation
parameters are chosen as follows. The number of subcarriers is N = 512 and the length of
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cyclic prefix is G = 64. We simulate a WSSUS channel according to the COST207 model
for typical urban areas in [34]. Each channel tap is a complex-valued Gaussian random
process which is independently generated according to the Jakes’ Doppler spectrum. The
Doppler frequency shift for each path is independently randomized with the probability































Figure 2.6: Average SIR versus εD
It is obvious that as the maximum Doppler frequency increases, the average SIR
decreases and the OFDM system performance will degrade dramatically. The following
simulations will demonstrate this phenomenon. In the following simulations, we assume
that the OFDM receiver employs a one-tap equalizer to perform the coherent detection.
The one-tap equalizer is designed using the complete knowledge about the channel. The
SERs versus the maximum OFDM symbol normalized Doppler frequency εD for different




the AWGN variance σ2w. Figure 2.7 and Figure 2.8 present the simulated SERs versus the
maximum OFDM symbol normalized Doppler frequency for the QPSK- and 16QAM-OFDM
systems respectively when the variances of the additive white Gaussian noise vary. Finally,
a set of simulations are conducted when the maximum OFDM normalized Doppler frequency
is fixed to 0.06 and the SNR varies from 0 to 40 dB. Figure 2.9 shows the SERs for the
QPSK- and 16QAM-OFDM systems. According to these figures, as the maximum OFDM
symbol normalized Doppler frequency increases, both OFDM system performances degrade
dramatically. Higher-order modulation schemes such as 16QAM appear to suffer more from
the ICI than lower-order modulation schemes such as QPSK. Time-varying channels impose
a severe limitation on the OFDM quality-of-service in terms of SERs. An irreducible error
probability floor about 10−2 for QPSK-OFDM and 10−1 for 16QAM-OFDM would arise.
In reality, as the OFDM symbol period and the carrier frequency increase in fast-moving
mobile OFDM transceivers, the time-varying multipath channel together with the Doppler
effect will be the severe problem for OFDM systems.
2.4 Summary
In this chapter, we first established the OFDM system transmission model based on
the adopted channel model. Then we derived a mathematical framework for the OFDM
systems in the fast time-varying fading channels in the presence of multiple Doppler fre-
quency shifts. An ICI expression was derived from the underlying system model. According
to the simulation results, the OFDM system performance will suffer from an irreducible er-






























Figure 2.7: SER for QPSK OFDM
for the OFDM system that the channel variations are negligible during one OFDM symbol
block no longer holds. Therefore, new algorithms are in demand to combat the ICI in the
fast time-varying channels. We observed from the simulation results that the ICI power
mostly comes from a few adjacent subcarriers. This motivates our proposed Q-tap equalizer
later on. Rather than involving all subcarriers to equalize the subject subcarrier signal, we
will employ only a few adjacent subcarriers in our new equalizer. Our new approach will
be investigated in detail in Chapter 4. Prior to the introduction of our proposed algorithm,




























Figure 2.8: SER for 16QAM OFDM



















Figure 2.9: SER for QPSK/16QAM Modulations
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Chapter 3
Previous Work on ICI Mitigation
In order to mitigate ICI due to the fast time-varying fading channels, three types of
approaches have been proposed in the existing literature. The first approach is the ICI
equalization, in which the ICI mitigation is achieved via two steps, namely channel estima-
tion and ICI removal [35]-[52]. The second approach is the pre-processing either through
the windowing or the coding [19][20][53]-[59], which reduces the sensitivity of the OFDM
performance to the time- and frequency- selective channels. The third approach utilizes the
space-time diversity provided by the multiple transmitting and receiving antennae [60][61].
The outline of this section can be stated as follows. Section 3.1 provides an overview for
the first approach. The algorithms using the second approach are introduced in section 3.2.
Finally, the introduction of the third approach will be presented in Section 3.3.
3.1 Approach 1
The techniques using the first approach require neither any modification in the trans-
mitter so that they are compatible with existing standards unlike some precoding tech-
niques in the second approach nor any additional hardware as the techniques using the
third approach based on multiple transmitting and receiving antennae [35]-[61]. In recent
years, considerable research has been devoted to the time-varying channel estimation for
OFDM system [35]-[52]. These channel estimation algorithms can be categorized as the
model-free channel estimation [25][35]-[42] and model-based channel estimation [43]-[46].
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The model-free channel estimation relies only on knowledge of the received signal together
with some a prior statistical information about the channel, while the model-based chan-
nel estimation depends on the predefined mathematical formulation for the time-varying
channels [43]-[46]. The underlying channel parameters rather than the CIR are to be es-
timated at the receiver in the model-based channel estimation [43]-[46]. After the channel
estimation, the ICI can be removed either using a decision-feedback equalizer [4] or using
a least-square (LS) or minimum-mean-square-error (MMSE) equalizer [4]. Next we will
discuss the channel estimation algorithms and the ICI removal techniques.
3.1.1 Channel Estimation
First, we will focus on the model-free channel estimation. The channel estimations
in [25][35] were achieved by regularly inserting pilot symbols in the OFDM symbol stream.
Specifically, the training sequence was a Dirac-delta function consisting of only one non-
trivial data sample which was surrounded by two subsequences of zero values each with the
identical sequence length to that of the cyclic prefix. The complete channel estimation for
one OFDM symbol can be achieved by using a linear interpolation based on the assumption
that the channel varies in a linear fashion within an OFDM symbol duration [25]. In [36], an
MMSE channel estimator with the aid of the dedicated OFDM training symbols employed
in the context of decision-directed channel estimation was proposed. Unlike in [25][35],
channel was assumed to vary linearly during a few OFDM symbol duration instead of one
OFDM symbol duration in [37]. Based on the pilots inserted into every OFDM symbol, a
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maximum-likelihood (ML) channel estimator was derived. Also according to the observa-
tion that the direct ML channel estimate is close to the real channel in the middle time
instant of an OFDM symbol duration; three consecutive OFDM symbols are involved in
the corresponding channel estimation; the channel estimation at the middle time instant
are linearly interpolated to estimate the real channel [37]. However, the assumption that
channel varies linearly usually does not hold when the OFDM symbol normalized Doppler
frequency is large [25].
In [38], the CIR h(n, l) was estimated using a linear combination of pilot symbols
based on the MMSE criteria at the receiver. In their channel estimation scheme, all sub-
carriers in some few OFDM symbols are all allocated as pilot symbols while in most of time,
OFDM symbols consist of information data only. A reduced-complexity MMSE estimator
was also proposed in [38] using the optimal rank-reduction [62]. This technique requires
a priori knowledge of the channel statistics. Although this scheme can work without the
precise channel statistics, its performance is significantly degraded if the assumed Doppler
frequency is lower than the actual value.
It was observed that the wireless radio channel can be parameterized as a combination
of paths, each characterized by a delay and a complex-valued amplitude. The amplitude
for each path illustrates fast temporal variations due to the mobility of terminals while the
delays are almost constant over a large number of OFDM symbols [39]. A technique which
tracks the delay-subspace by a subspace tracking algorithm and estimates the amplitudes
via the least-mean-square algorithm was proposed [39].
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Instead of estimating the CIR h(n, l) directly using the aforementioned methods, we
can also employ the following algorithms to estimate the ICI coefficient matrix Cm,k using
the pilot symbols. In [40], a novel OFDM channel estimation algorithm based on comb-
type of groups of pilot symbols can be found. There are two crucial assumptions associated
this proposed algorithm [40]. Usually, the size of matrix C̃ is very large since there are
many subcarriers in every OFDM symbol. For reducing the number of parameters to be
estimated in C̃, we can make the first assumption that only a few neighboring subcarriers
contribute to the dominant ICI to interfere the subject subcarrier. The second assumption
is that the diagonal element αm, 0 ≤ m ≤ N − 1, in the ICI coefficient matrix Cm,k are
correlated with each other, and the elements on off-diagonals, Cm,k, 0 ≤ m, k ≤ N −1, with
m − k = constant are also correlated with each other. Thus, the ICI coefficients can be
estimated using an interpolation based on the pilot symbols. The diagonal and off-diagonal
correlations are determined by using the channel statistics [40].
Among all the aforementioned model-free channel estimation algorithms, pilot sym-
bols are always needed. In [42], five different pilot symbol patterns were investigated for
channel estimation and compared in terms of bit error rates. The capability of estimating
the channel with high mobility reliably depends on the adopted pilot symbol pattern [42].
The pilot symbols are supposed to spread out both in time and frequency domains [42].
For model-based channel estimators, time-varying channel are approximated by some
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mathematical models [43]-[46]. In [43], the channel variations of each path were approxi-
mated by using a linear model with a constant slope in an OFDM symbol and the least-
square estimator of the CIR was obtained by inserting equispaced pilot symbols in every
OFDM symbol. In [44], the channel was modeled by expanding each path attenuation
factor γ(t, l) into a Taylor series as a function of t around the middle time instant of an
OFDM symbol, namely t = T
2
, where t = 0 corresponds to the first time sample at the
input of the OFDM demodulator. In this scheme, the channel time derivatives in the Tay-
lor series instead of CIR were estimated and multistage estimation scheme was proposed,
which estimates the higher-power derivatives while modeling the lower-power derivatives
as the white noise. Consequently, the ICI coefficient matrix C̃ can be derived as a function
of the channel time derivatives [44]. Similarly in [45], the time-varying channel frequency
responses was modeled using a finite power series expansion. The channel estimation is
achieved with the a priori statistical properties of the channel. The proposed channel
estimation method in [45] uses the pilot symbols and statistical characterization of time
and Doppler spread based on Jakes model for designing a maximum-likelihood estimator.
Alternatively, a new OFDM channel estimator based on the modified Kalman filter (MKF)
for a fast-changing frequency-selective Rayleigh fading environment was proposed in [46].
The time-varying channel is modeled as an autoregressive (AR) process and the proposed
MKF is applied to estimate the AR parameters [46].
44
3.1.2 ICI Removal
In the first ICI equalization approach, once the channel information is obtained at
the receiver, a zero-forcing (ZF) equalizer, or an MMSE equalizer was proposed in [25][36]
and [47] respectively. All the algorithms in [25][36][47] involve a large matrix inversion with
high computational complexity. To reduce such computational complexity, the “small” ICI
coefficients in the ICI coefficient matrix C̃ are ignored [25][38]. It is assumed that the
channel varies linearly, and the dominant ICI coefficients gather around a small number
of neighboring subcarriers. Instead of a direct matrix inversion, a Gauss-seidel iteration
algorithm was proposed to simplify it in [48]. Besides, a jacobi stationary iterative algo-
rithm was also proposed to compensate the ICI terms in [49]. Such a proposed algorithm
utilized the properties of the Toeplitz and the Fourier matrices to obtain the intercarrier
interference terms in the frequency domain with low complexity based on the linearly vary-
ing channel assumption.
To deal with the disadvantage of noise amplification in the ZF equalizers [4], which
causes the system performance degradation when there exist deep nulls in the channel
frequency response, a novel ZF equalizer for OFDM over time- and frequency- selective
channels using the existing frequency-domain redundancy was proposed in [43][50]. In
many OFDM-related standards, several null carriers are appended to provide guard bands,
where those null carriers are regarded as the frequency-domain redundancy.
Unlike the aforementioned MMSE and ZF equalizers which require large matrix in-
versions, a two-stage equalizer with symbol estimation strategies for OFDM in the presence
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of doubly-selective fading was proposed in [51] and an iterative decision-feedback equalizers
were employed to remove the ICI in [35][38][52]. For the two-stage equalization scheme [51],
at the first stage, rather than simply ignoring small-valued ICI coefficients as in [25][38],
the authors used a signal-to-interference-plus-noise ratio (SINR) optimal low-complexity
linear preprocessing (windowing) to “squeeze” the ICI into a few coefficients; then at the
second stage, the authors proposed a low-complexity iterative symbol estimation scheme
that leverage the ICI-shortened channel representation. Combining the techniques in [25]
and [38], the authors in [52] derived the recursive algorithms to remove the ICI. It has been
showed in [52] that time-varying channel leads to the narrowly-distributed symbol energy
over a few subcarriers and the ICI power on a subcarrier is mainly contributed by a few
neighboring subcarriers. Based on this fact, a low-complexity MMSE and decision-feedback
equalizer for ICI suppression were proposed in OFDM receivers [52]. A universal lower
bound on the partial ICI power was derived when f ′DT < 1, which shows that more than
90% of the ICI power comes from 12 neighboring subcarriers. It has also been shown that
most of the symbol energy is distributed over a few subcarriers. That is, when f ′DT = 0.3,
more than 90% of the symbol energy spreads over only three subcarriers. Accordingly, the
development of low-complexity MMSE and DFE receivers for ICI suppression were moti-
vated in [52].
Another two-stage decision-feedback scheme called DF-ICI was proposed in [44][45].
Initially, a standard equalizer, namely a one-tap filter for each subcarrier, is applied. The
tentatively detected data is used to regenerate the ICI, which is then subtracted from the
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received signal. Some drawbacks of the DF-ICI in [45] were relieved in [44], the algorithm
in [45] adopted an iterative ICI cancellation and channel estimation scheme. The ICI is
canceled iteratively, where at every stage the transmitted signal can be estimated more and
more reliably.
3.2 Approach 2
Compared to previously described equalization approach, the windowing and precod-
ing method using the second approach have two major advantages [19][20][53]-[59]. The
first advantage is its low complexity. In the equalization approach, the channel estimation
and ICI removal always involve heavy computations. However, in the windowing/precoding
techniques, usually simple algorithms are involved at transceivers. The second advantage is
that no CIR estimation is needed dynamically to estimate the time-varying channels. The
windowing and precoding schemes do not require the specific channel estimation. Instead,
they are simply designed to mitigate the ICI [19][20].
A simple and effective precoding method, the ICI self-cancellation scheme was pro-
posed in [19][20], where a polynomial coding in the frequency domain was used to mitigate
the frequency offset effect. In the ICI self-cancellation method, one information symbol was
duplicated for a group of P adjacent subcarriers using a group of weighting coefficients.
The weights were designed such that at the receiver, the ICI was minimized in the presence
of the channel frequency errors. Empirically, this method significantly reduces the ICI in
the trade-off of the spectral efficiency reduction with a factor of P . In [19][20], the ICI
self-cancellation coding rate was one half with P = 2. In general, the ICI self-cancellation
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coding rate can be set as 1/P with the weights chosen as the coefficients of the polyno-
mial (1 − D)P as stated by [53]. Therefore, the ICI self-cancellation is also known as the
polynomial cancellation coding (PCC). A rate (P − 1)/P precoder was proposed in [54]
by modifying the previous rate 1/2 precoder [20][53]. The new precoder in [54], which
extended the half-rate precoder in [20][53] and, was based on two assumptions. First, the
magnitudes of the diagonal elements αm in the ICI coefficient matrix C̃ are considerably
larger than those of the off-diagonal elements. Second, the magnitudes of any two neighbor-
ing off-diagonal elements of C̃ are close to each other. A special case of the new precoders
in [54] with rate 2/3 was also developed in [55]. To improve the system performance,
Turbo product coding was integrated with half-rate ICI self-cancellation precoder in [56].
The ICI self-cancellation scheme can also be achieved using the time-domain windowing in
transceivers, which was proposed in [57]. In the self-cancellation method [19][20], the same
information symbol is modulated on P adjacent subcarriers with the pre-defined weighting
coefficient. This leads to a reduction of ICI since the sum of ICI interferences that these
P subcarriers generate on another subcarrier is very small. In the frequency domain, the
sum of the signals of these P subcarriers has a shape that has approximate nulls around
the location of other subcarriers, and, therefore, leads to less ICI. The proposed window-
ing scheme shapes the subcarrier signal spectra that creates less ICI using a windowing
operation in the time domain. It has been shown that the ICI self-cancellation method
in [19][20] is equivalent to special cases of the proposed scheme [57]
We will provide an introduction of the precoders to mitigate the ICI, which have also
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been adopted in our work. The OFDM demodulated signal as given by Eq.(2.28) with a
precoder can be expressed as
Y = C̃ X + W (3.1)
= C̃Γ̃d + W,
where Γ̃ is a precoder matrix, and d is the information symbol vector. Γ̃ is of size N -by-
N × R, where R is the coding rate, and N is the number of subcarriers in OFDM. For













According to [54], the precoder matrix Γ̃ can be generated as follows:
1. Γ̃ is the block diagonal matrix with identical blocks, i.e. Γ̃ = diag{B̃, B̃, ..., B̃}, where





1/2[1 − 1]T as defined by [20].
2. The rank of B̃ is b.
3. The trace of B̃B̃T is equal to a.
4. All column vectors in B̃ have only two non-zero elements at two consecutive rows,
and those two elements are summed to be zero.
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To avoid the previously described spectral efficiency sacrifice, a frequency-domain
precoder known as partial response coding (PRC) with rate one (full spectral efficiency)
was proposed in [58][59]. The PRC in conjunction with maximum-likelihood sequence
detection to mitigate ICI in OFDM systems was investigated in [58].
3.3 Approach 3
Multi-input multi-output (MIMO) systems adopt multiple antenna array for wireless
transceivers. Many techniques which have been applied to the MIMO systems in both space
and time domains can effectively increase the system capacity and improve the reliability
of wireless link [63]. On the other hand, the OFDM technology has been widely used in
wireless multimedia communications, due to its high data transmission rate, high band-
width efficiency and excellent performance in resisting multipath fading channels [13]. By
integrating OFDM systems with MIMO techniques and introducing space-time diversities,
we can simultaneously enhance both communications capacity and performance [64].
To further improve the MIMO-OFDM performance in mobile communications, a
training-sequence design scheme with high bandwidth efficiency, and an iterative least-
square (LS) channel estimation algorithm were proposed in [60]. Using a lowpass filter
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to reduce the ICI significantly, this LS algorithm can estimate channel state information
accurately [60].
A bank of LTV (Linear Time-Variant) filters which maximize the signal-to-ICI-plus-
noise energy ratio was designed in [61]. Then the filtering-based ICI mitigation technique
was proposed where such a bank of filters follow the time-varying channel so the overall
system model is approximately time-invariant. The techniques using the third approach
may require high hardware cost, since multiple receiver antennae may be in demand.
In summary, we would like to focus on the first and the second approach in this
dissertation since the first approach does not require any modification in the transmitter
so that it is compatible with the existing standards, while the second approach is compu-
tationally efficient compared with the first approach, and its hardware cost is minimum
compared with the third approach. Chapter 4 is dedicated to design a channel estimator
and an equalizer using the first approach to mitigate the ICI. A proposed alternative al-
gorithm using the second approach is based on the ICI self-cancellation coding, which will
be described in Chapter 5.
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Chapter 4
Proposed ICI Mitigation Algorithm
According to the analysis in Chapter 2, the time variations of the channel within
one OFDM symbol block in the presence of multiple Doppler frequency shifts destroy the
subcarrier orthogonality, result in the ICI and hence lead to an irreducible error probability
floor when only a one-tap equalizer is employed. The performance degradation due to the
ICI becomes significant as the carrier frequency, the OFDM symbol duration and vehicu-
lar velocity increase. As shown in Chapter 3, the first approach involving an equalizer is
effective for the ICI mitigation. However, the designs of the traditional MMSE, ZF equal-
izers for OFDM systems in [25][36][47] normally require a large matrix inversion. Several
algorithms in [25][38][48][49] were developed to reduce the computational complexity of
this huge matrix inverse. Moreover, all these schemes in [25][36][38][47][48][49] equalize
N subcarrier signals simultaneously using the N available received signals in one OFDM
symbol block. However, the ICI coefficient matrix C̃ becomes very large when N is large,
for example, N = 1024 in the standard WMAN systems in [11]. Therefore, any straight-
forward implementation of a traditional MMSE or ZF equalizer should be avoided. It has
also been shown in Chapter 2 that the ICI power is concentrated only on a few adja-
cent subcarriers. In other words, the subject subcarrier would be interfered only by a few
neighbors. Accordingly, the computational complexity of the ICI equalizer can be reduced
significantly without the significant performance sacrifice. In this chapter, a new approach
using the Q-tap equalizer integrated with a MMSE ICI coefficient estimator is introduced
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for the frequency-domain ICI equalization and channel estimation, and the simulation re-
sults are also presented to show the effectiveness of our proposed method. This chapter is
organized as follows. Section 4.1 is dedicated to the new Q-tap equalizer, which includes
both Minimum Mean Square Error (MMSE) linear equalizer and Decision Feedback (DF)
non-linear equalizer. In Section 4.2, we introduce a new ICI coefficient estimation algo-
rithm which employs the Wiener filtering based on the channel correlation properties in
both time and frequency domain. Based on the simulation results of our proposed ICI
mitigation algorithm, the conclusion will be drawn in Section 4.3.
4.1 ICI Mitigation Equalizer
Similar to the first approach described in Chapter 3, our proposed ICI mitigation
algorithm includes two steps. At the receiver, the channel is first estimated, and then an
equalizer is employed to suppress the ICI. This section is focused on the design of such an
equalizer, under the assumption that the ICI coefficient matrix C̃ is given. The estimation
of the ICI coefficient matrix C̃ will be studied in Section 4.2. Since the ICI arises from a
few neighboring subcarriers, Q-tap equalizers, which reduce the computational complexity,
are proposed. In this section, two Q-tap equalizers, namely linear MMSE equalizer and
non-linear DF equalizer, are investigated. The rest of this section is organized as follows.
The linear MMSE Q-tap equalizer and nonlinear DF Q-tap equalizer are discussed in Sub-
section 4.1.1 and Sub-section 4.1.2, respectively. The computer simulation results for these
two equalizers are presented in Sub-section 4.1.3. Sub-section 4.1.4 will draw the concluding
remarks on the proposed Q-tap MMSE and DF equalizers.
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4.1.1 Q-tap Minimum Mean Square Error (MMSE) Equalizer
In this sub-section, we design a Q-tap MMSE equalizer using the mathematical frame-
work developed in Chapter 2. First, the traditional MMSE equalizer approached is intro-
duced. Then with further modifications, we can design a Q-tap MMSE equalizer.
The conventional OFDM receiver operation using a one-tap equalizer exhibits rela-
tively good performance when the maximum OFDM symbol normalized Doppler frequency
shift is small. However, in the environment where the maximum OFDM symbol normalized
Doppler frequency shift is high, the orthogonality among subcarriers does not exist, and
there is an irreducible error probability floor due to the ICI. We will show how to design this
Q-tap MMSE equalizer to mitigate the ICI. Invoke the OFDM system model in Eq. (2.28)
Y = C̃ X + W. (4.1)
It is assumed that the ICI coefficient matrix C̃ can be estimated. The traditional MMSE
equalizer, which is an N -by-N matrix G̃, is a matrix which minimizes the cost function
E
{
‖ X − ̂X ‖2
}
, where ̂X = G̃Y is the equalizer output vector. Thus, it yields
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the complex-conjugate transpose. The resulting mean-squared error (MSE) is given by
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, and tr (·) denotes the trace operator. Given
that C̃ is known and X is a zero-mean i.i.d random vector with the variance σ2X , and
W is
a zero-mean AWGN vector with a variance σ2W (
W is independent of X), R̃ XY becomes
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The ZF equalizer can be simply realized when the AWGN is neglected, such that
G̃ = C̃−1, (4.8)
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which is the inverse of the ICI coefficient matrix C̃. It is well known that such a ZF
equalizer experiences more noise enhancement than the MMSE approach when the channel
has deep fades. Therefore, we study the MMSE equalizer only here.
According to Eq. (4.6), the MMSE equalizer is too complicated to be implemented,
since it involves an N -by-N matrix inverse. N is usually fairly large, for example, N = 64
for the IEEE 802.11a standard, N = 1024 for the IEEE 802.16 standard, and N = 2048 for
the DVB standard. The implementation of an MMSE equalizer given by Eq. (4.6) is not
feasible. As a matter of fact, the ICI power arises from the neighboring subcarriers around
the subject subcarrier, the equalizer complexity can be reduced significantly without much
performance trade-off. Consequently, a simplified MMSE equalizer with only Q taps will
be investigated in the following.
Instead of employing all subcarriers, we can focus on only a few subcarriers ((Q−1)/2
subcarriers) around the subject subcarrier to design an efficient equalizer. For example, if
Q is set as 3, two neighboring subcarriers (one on each side) are employed in the simplified
equalizer. If the subject subcarrier signal is X2, then the received signals Y1, Y2, Y3 are all
used in the equalizer for a better symbol detection of X2. Since the ICI coefficient matrix
C̃ is circulant in nature, to detect the signal on the 0th subcarrier, the equalizer involves
the received signal on the N − 1th subcarrier.
The derivation of a Q-tap MMSE equalizer is similar to the aforementioned traditional
MMSE equalizer. Rather than a huge matrix G̃ involving all subcarriers, we determine the
individual equalizer for each subcarrier independently. Let’s choose Q = 2q + 1. Without
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loss of the generality, the Q-tap equalizer coefficients for the mth subcarrier are defined as
gQm ≡ [g−q,m, g−q+1,m, · · · , g0,m, g1,m, · · · , gq,m], 0 ≤ m ≤ N − 1, (4.9)






where X̂m = g
Q
m
Y Qm , and
Y Qm is defined as
Y Qm ≡ [Y(m−q)N , Y(m−q+1)N , · · · , Y(m−1)N , Ym, Y(m+1)N , · · · , Y(m+q−1)N , Y(m+q)N ]T . (4.11)
Here (·)N denotes the modulo operation with modulus N . Y Qm can then be written as




W Qm , (4.12)
where
W Qm ≡ [W(m−q), W(m−q+1), · · · , W(m−1), Wm, W(m+1), · · · , W(m+q−1), W(m+q)]T , (4.13a)




















Due to the page limit, the modulo-N operator (·)N is simplified as (·) in Eq. (4.13).
Eq. (4.12) results from the ICI coefficient property that |Cm,k1|2 > |Cm,k2|2 if (|m − k1|)N <
(|m − k2|)N for any 0 ≤ m, k1, k2 ≤ N−1 and k1, k2 
= m, and ICI coefficient Cm,k decreases
rapidly as m − k increases. Observing both Eq. (4.12) and Eq. (4.1), we can establish the
Q-tap equalizer for the mth subcarriers from the aforementioned traditional MMSE equal-
izer. From Eq. (4.2), the Q-tap MMSE equalizer solution for the mth subcarrier is given
by






Similar to the traditional MMSE equalizer, we have
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C(m−q)N ,m, C(m−q+1)N ,m, · · · , Cm,m, · · · , C(m+q−1)N ,m, C(m+q)N ,m
]T
. (4.16)
The vector νQm corresponds to the truncated version of the mth column in the matrix C̃ by
reserving only Q elements centered around the mth row with q rows on either side.
We proceed with the calculation of R̃Y Qm Y Qm in Eq. (4.14). According to Eq. (4.12), we
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obtain






































Substituting Eq. (4.15) and Eq. (4.17) into Eq. (4.14), we can achieve the complete Q-tap
















It is obvious that our proposed Q-tap MMSE equalizer in Eq. (4.18) only involves a Q-









If we set Q as small as possible without sacrificing much quality-of-service, we can
quite reduce the computational complexity. The full-tap (traditional) MMSE equalizer,
which is given in Eq. (4.6), requires an N -by-N matrix inversion with N3 complex multi-
pliers, while a Q-tap MMSE equalizer needs N sets of Q-by-Q matrix inversions with only
NQ3 complex multipliers. Therefore, using the Q-tap equalizer, the computational com-
plexity in terms of the number of complex multipliers is reduced by 1− Q3
N2
. Note that as N
increases, the computational complexity is greatly reduced. For example, when N = 256,
a 7-tap MMSE equalizer will reduce the computational complexity by almost 99%.
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In summary, our proposed Q-tap linear MMSE equalizer is given by Eq. (4.18), which
is based on the assumption that the ICI coefficient matrix C̃ is known at the receiver. In
the following sub-section, a non-linear Q-tap DF equalizer is also investigated.
4.1.2 Q-tap Decision Feedback (DF) Equalizer
The MMSE equalizer in the previous sub-section is a linear equalizer. However, lin-
ear equalization techniques typically suffer from more noise enhancement than nonlinear
equalizers [65]. Among nonlinear equalization techniques, the DF equalizers are commonly
used, since the corresponding realization is simple and it leads to the promising perfor-
mance. This sub-section is dedicated to the Q-tap non-linear DF equalizer.
The DF equalizer has been introduced for both channel equalization and multiuser
detection [4][66]. In [66], the DF multiuser detection for synchronous code-division multiple-
access over Gaussian channels was studied. It has been shown that the DF equalizer outper-
forms the linear equalizer for every user [66]. Our signal transmission model in Eq. (2.28)
is essentially the same as the synchronous CDMA model [66], if we consider that the trans-
mitted signal Xk on the k subcarrier comes from a user k, and the kth column in the ICI
coefficient matrix C̃ can be deemed as the spreading code sequence of user k. Generally
speaking, we could apply any DF equalizer in [66] for the signal transmission model defined
in Eq. (2.28).
In principle, once a transmitted signal has been detected, the interference that it in-
duces on other signals can be estimated and subtracted before the detection of subsequent
transmitted signals. The DF equalizer consists of a feedforward filter with the input as the
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received signal (similar to the linear equalizer) followed by a feedback filter with the input
as the previously detected signal instead. The interference can be characterized as the
output of this feedback filter when the detected signal serves as the input. The resulting
interference is then subtracted from the received signals. This is the so-called successive
interference cancellation scheme.
Our proposed Q-tap non-linear DF equalizer is also a successive inter-subcarrier in-
terference cancellation scheme. Just like the conventional DF equalizer, it involves the
detection of the transmitted symbols on each subcarrier sequentially in a given order. The
DF equalization scheme is based on the removal of the interfering signals from the received
signal, one at a time as long as they are detected. For example, at the beginning, the
subcarrier having the strongest received power can be detected when the interference from
other subcarriers is deemed as white noise. Then, the interference caused by the first de-
tected symbol is subtracted from the received signal on the other subcarriers. Therefore,
this DF equalizer requires a very complicated computation to determine the optimal de-
tection procedure. Since we are only interested in designing an efficient ICI mitigation
algorithm in OFDM, we will not pursue any sophisticated ordering algorithm. In this dis-
sertation, we adopt an arbitrary but fixed order as follows. First we find the subcarrier
index with the largest energy by ordering the norms of the columns in the ICI coefficient
matrix C̃. Suppose that the received signal on the mth subcarrier has the largest energy.
Starting from the mth subcarrier, we detect the subcarrier symbols successively in the for-
ward order, i.e., the detection order is m, m + 1, m + 2, · · · , N − 1, 0, 1, · · · , m − 1. After
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determining the subcarrier detection order, we will discuss how each individual subcarrier
is detected successively.
As mentioned before, the DF equalizer consists of both feedforward and feedback
filters. The objective of the feedforward matrix (the collection of the individual subcarrier
feedforward equalizer vectors) is to minimize the intercarrier interference from the signals
on the undetected subcarriers, which is the residual interference after the subtraction from
the previously detected subcarriers. On the other hand, the objective of the feedback filters
is to approximate the interference arising from the previously detected subcarriers. It can
be verified that a particular choice of the collection of the feedback filters is the original ICI
coefficient matrix C̃ such that the interference due to the previously detected subcarriers
would be completely canceled if the previous detections are perfect. If the feedback matrix
(the collection of all feedback equalizer vectors) is set to zero. The DF equalizer becomes
a linear equalizer, such as ZF or MMSE linear equalizer. How the Q-tap DF non-linear
equalizer works for the OFDM systems will be described in detail as follows.
First, it is assumed that the mth subcarrier has the largest energy. The detected
signal for the mth subcarrier X̂m is obtained using the Q-tap MMSE equalizer based on
the received signal vector Y Qm , which is given by Eq. (4.11). The Q-tap MMSE equalizer
coefficients are given by Eq. (4.18). The interference induced by the signal on the mth
subcarrier, Um, is given by
Um = νmX̂m, (4.20)
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where νm is the mth column vector of the matrix C̃. Before the other subcarriers are
detected, the interference Um is subtracted from the received signal vector Y to generate
the updated interference-removed signal. The signal on the next subcarrier, the (m + 1)th
subcarrier, X̂m+1 is demodulated using the updated interference-removed signal, which is
Z = Y − Um. The equalizer for the (m + 1)th subcarrier is given by Eq. (4.18). However,
the equalizer input is based on the updated interference-removed signal, which is updated
once a signal on any subcarrier is detected. In general, if we assume m < k ≤ N − 1 and
the signals on the subcarriers m, m − 1, · · · , k − 1 have been detected, the equalizer for
the kth subcarrier is determined after the interference from the previously detected signals
X̂m, X̂m+1, · · · , X̂k−1 is subtracted from the received signal. Then, the detected signal
on the kth subcarrier is obtained by applying a Q-tap MMSE equalizer on the updated
interference-removed signal Z, which is given by
Z = Y −
k−1∑
j=m





where νj is the jth column vector of the matrix C̃. After detecting the signal on the N − 1
subcarrier, we will continue with the estimation for the 0th subcarrier, by subtracting the
interferences from the signals on the subcarriers m, m + 1, · · · , N − 1. It means that for
0 ≤ k ≤ m − 1, the updated interference-removed signal Z is given by






νjX̂j , 0 ≤ k ≤ m − 1. (4.22)
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From the aforementioned description of the Q-tap DF non-linear equalizer for the
OFDM systems, it is found that since the Q-tap MMSE equalization algorithm is used in
the DF equalizer, the major computational burden is the inverse of a matrix of size Q-by-
Q, just like the Q-tap linear MMSE equalizer. Therefore, the computational complexity
of such a DF equalizer is in the same order as that of the Q-tap MMSE equalizer. The
performance comparison using the computer simulations between the Q-tap MMSE linear
equalizer and the Q-tap DF non-linear equalizer will be addressed in the next sub-section.
4.1.3 Simulation Results for MMSE and DF Equalizers
In this simulation, we test the performances of the Q-tap MMSE equalizer and the DF
equalizer discussed in the two previous sub-sections. The parameters are specified as follow.
The number of subcarriers is N = 256. The COST207 channel model for typical urban areas
in [34] is chosen to benchmark the tested OFDM systems. The information symbols are
assumed to be modulated as QPSK. Two system performance measures, namely normalized
mean-squared error (NMSE) of the equalized output and SER, through Monte Carlo trials
are quantified thereby.
First, the Q-tap MSE linear equalizer performances are evaluated. Fig. 4.1 and
Fig. 4.2 depict the NMSE performance of the Q-tap MMSE equalizer as a function of SNR
when the maximum OFDM normalized Doppler frequency εD is set to be 0.04 and 0.8, while
Fig. 4.3 and Fig. 4.4 illustrate the corresponding SER performances. In this simulation,
the NMSE of the equalizer is defined as the MSE between the transmitted signal and the
equalizer outputs normalized by the transmitted signal energy. The 1-tap, 3-tap, 5-tap, and
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the conventional full-tap MMSE equalizers are in contrast. Fig. 4.1 and Fig. 4.3 show that
different numbers of taps do not lead to very different performances at a low εD. In other
words, when εD is small, the ICI power is negligible, and thus the ICI coefficient matrix
C̃ is almost diagonal. When εD is larger, such as εD = 0.8 in Fig. 4.2 and Fig. 4.4, the
performances among different Q-tap equalizers becomes distinguishable, especially when
the SNR is high. It is noted that the curve for the conventional full-tap MMSE equalizer
approaches to a straight line or the full-tap MMSE equalizer do not lead to an irreducible
error probability floor due to the ICI, unlike other Q-tap equalizers. Such an irreducible
error probability floor problem becomes obvious for the 1-tap equalizer with εD = 0.8 in
Fig. 4.2 and Fig. 4.4. In addition, the error probability floor decreases as the number of
equalizer taps increases. In Fig. 4.2 and Fig. 4.4, the performance margin resulting from
the multi-tap equalizers over the 1-tap equalizer is large even in the very low SNR range
such as 0dB ≤SNR≤ 5dB. This is because the ICI dominates the overall interference-noise
level over the background noise.
Fig. 4.5, Fig. 4.6, and Fig. 4.7 show the NMSE performance versus the maximum
OFDM symbol normalized Doppler frequency εD when the SNRs are 10dB, 20dB, and
30dB, respectively. Fig. 4.8, Fig. 4.9 and Fig. 4.10 illustrate the SER performance as the
function the εD when the SNRs are 10dB, 20dB and 30dB, respectively. In general, multi-
tap MMSE equalizers can lead to the higher performance margin as the SNR increases.
When SNR= 20dB and εD = 0.2, in Fig. 4.6 and Fig. 4.9, the 3-tap MMSE equalizer has a
2dB gain over the 1-tap equalizer but around 2dB loss compared to the full-tap equalizer in
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the NMSE sense. Also in the sense of SER, the 3-tap MMSE equalizer achieves a smaller
error probability than the 1-tap equalizer but it achieves a higher error rate than the full-
tap equalizer, which are shown in Fig. 4.9. When SNR= 30dB, in Fig.4.7 and Fig. 4.10,
the 3-tap MMSE equalizer leads to about 4dB gain over the 1-tap equalizer but leads to
around 6dB loss compared to the full-tap equalizer in the MSE sense. In the sense of SER,
the 3-tap MMSE equalizer achieves a smaller error rate than the 1-tap equalizer but it
achieves a higher error rate than the full-tap equalizer, which are shown in Fig. 4.9.
Next, we compare the Q-tap linear MMSE equalizer with the Q-tap nonlinear DF equalizer
to suppress the ICI in the sense of SER via computer simulations. When εD is small in
Fig. 4.11, the DF equalizer outperforms the MMSE equalizer with the same number of
Q taps at high SNR values. However, when εD is large in Fig. 4.12 and Fig. 4.13, the
DF equalizer outperforms the MMSE equalizer with the same number of Q taps for the
entire SNR range of interest. The 5-tap DF equalizer exhibits a considerable performance
improvement over the 1-tap DF equalizer in Fig 4.11 and Fig. 4.13. In addition, Fig. 4.13
shows that we can suppress ICI effectively, and improve the SER performance significantly
with a very efficient DF equalizer even for the situation that the maximum OFDM symbol
normalized Doppler frequency shift is up to 0.8.
4.1.4 Summary of ICI Mitigation Equalizers
In Chapter 2, we have investigated the impact of the channel variation natures on
the OFDM systems. The channel variations introduce ICI and degrade the OFDM perfor-
mance. Our analysis revealed that for a given maximum Doppler frequency shift, the major
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Figure 4.1: NMSE of the Q-tap MMSE Equalizer with εD = 0.04
ICI power is caused by a few neighboring subcarriers. This fact motivated us to develop
the new low-complexity Q-tap equalizers. In this section, two different Q-tap equalizers,
namely linear MMSE and non-linear DF equalizers, are designed to suppress the ICI due to
the time-varying channel natures in the presence of multiple Doppler frequency shifts. The
conventional full-tap MMSE equalizer approach is not feasible, due to the large number of
subcarriers in the OFDM systems. Simulation results show that our two Q-tap equalizers
both can improve the system performance in the sense of SER with moderate computa-
tional complexities. Moreover, the Q-tap nonlinear DF equalizer usually outperforms the
Q-tap linear MMSE equalizer at the higher values of maximum OFDM symbol normalized
Doppler frequency.
For the developments of these equalizers, we assume that the ICI coefficient matrix
C̃ is given at the OFDM receiver. However, in reality, the matrix C̃ is usually unknown.
Thus, it requires to estimate this unknown matrix prior to the employment of the Q-tap
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Figure 4.2: NMSE of the Q-tap Equalizer MMSE with εD = 0.8
equalizers. In the next section, we will address how to estimate this ICI coefficient matrix
C̃.
4.2 ICI Coefficient Estimation
The MMSE and DF equalizers in the previous section both require the channel
state information, or the ICI coefficient matrix C̃ in this dissertation. In contrast to
the maximum-likelihood (ML) channel estimation in [37], the Wiener filtering exploits the
possibly available information about the statistical properties of the channel and therefore
achieves an improved estimation quality. In this section, we investigate a pilot-aided ICI
coefficient estimator via this Wiener filtering. The Wiener filter incorporates the channel
statistical properties in a WSSUS channel model. We will derive the appropriate Wiener
filter for the time-varying WSSUS channel model adopted in the dissertation.
For the channel estimation in a conventional OFDM system, it is often assumed that
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Figure 4.3: Q-tap Equalizer SER with εD = 0.04
the channel does not change within at least one OFDM symbol period [42]. This assump-
tion is valid for a variety of scenarios, but it is no longer valid for high Doppler frequency
shift together with a long OFDM symbol duration. In such a situation, the channel is
assumed to be fast time-varying and the ICI coefficient estimator should be restricted to
perform on every individual OFDM symbol block. In this section, we propose a pilot-aided
ICI coefficient matrix C̃ estimator based on the Wiener filtering for the rapid time-varying
channels. Our proposed channel estimation scheme makes use of the channel statistical
properties, when the WSSUS channel model is assumed. Unlike other model-free time-
varying channel estimators in [25][35] where the pilot symbols are inserted in the time
domain, our proposed channel estimation method inserts the pilots before the IFFT in the
transmitter in the frequency domain instead. Our strategy will make the proposed chan-
nel estimator easily incomparable in the existing OFDM standards. In [25][35], the pilot
symbols constitute a Dirac-delta sequence consisting of only one nontrivial data sample
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Figure 4.4: Q-tap Equalizer SER with εD = 0.8
which is surrounded by two balanced subsequences of zero values; the complete channel
estimation for one OFDM symbol can be achieved by the linear interpolation based on the
assumption that the channel varies in a linear fashion within an OFDM symbol duration.
This assumption only holds when the Doppler frequency shift is small [25]. Furthermore,
our proposed channel estimator leads to the ICI coefficient matrix C̃ directly, and it is
different from the existing channel estimation algorithms in [38][39], where the CIR h(t, τ)
was directly estimated. If the channel varies very fast, much more OFDM pilot symbols
are need and it would greatly decrease the system throughput [38]. Moreover, the CIRs be-
tween the OFDM pilot symbols were approximated through the linear interpolation based
on the same linearity assumption. Our proposed channel estimator directly leads to the
ICI coefficient matrix. Thus, the channel is not necessarily required to vary in a linear
fashion, and our ICI coefficient estimator relies only on the current received OFDM signal.




























Figure 4.5: NMSE of the Q-tap MMSE Equalizer with SNR = 10dB
This section is organized as follows. First, in Sub-section 4.2.1, we establish the
mathematical framework for the Wiener MMSE estimator. Computer simulations are pre-
sented in Sub-section 4.2.2. Since the proposed Wiener filter exploits the possibly available
channel statistical properties, there may exist a mismatch between the adopted underly-
ing channel model and the actual channel characteristics. The illustration of this channel
mismatch problem is also given in Sub-section 4.2.2. Concluding remarks on our proposed
pilot-aided ICI coefficient estimator are drawn in Sub-section 4.2.3.
4.2.1 MMSE ICI Coefficient Estimation
We derive the mathematical formula for the ICI coefficient estimator in this sub-
section. The discrete-time OFDM transmission model in Eq. (2.28) shows that the ICI
coefficient matrix C̃ comprises the ICI effect on the transmitted symbol vector X. Hence,
in order to implement the ICI suppression schemes, such as the Q-tap equalizers described in




























Figure 4.6: NMSE of the Q-tap MMSE Equalizer with SNR = 20dB
is fast time-varying, the estimation of ICI coefficients can depend only on the currently
received OFDM symbol block. For this purpose, we design a linear MMSE estimator, as
known as the Wiener filter, for each element Cm,k of C̃. The estimation of Cm,k is achieved




Y , 0 ≤ m, k ≤ N − 1, (4.23)
where Ĉm,k denotes the estimate of Cm,k, the Winer filter coefficient vm,k is obtained by






|Cm,k − vHm,kY |2
}
. (4.24)
According to [67], the solution to Eq. (4.24) can be stated as follows. First, E
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Secondly, differentiating Eq. (4.25) with respect to vm,k and setting it to zero, we have the




ρCm,k Y , (4.26)
where R̃Y Y H is the auto-correlation matrix of the received signal
Y , which is defined in
Eq. (4.2), and ρCm,k Y is the cross-correlation between the received signal
Y and Cm,k, i.e.,





For the optimum Wiener filter coefficients given by Eq. (4.26), the corresponding MSE of
the estimation is also obtained as [67]:
MSE = σ2m,k − ρHY Cm,kR̃
−1
Y Y H
ρY Cm,k , (4.28)






, which is given by Eq. (2.40). In the following, we will de-





























Figure 4.8: Q-tap MMSE Equalizer SER with SNR=10dB
statistical properties of the time-varying WSSUS channel described in section 2.2.
A. Calculation of R̃Y Y H
According to Eq. (4.2), R̃Y Y H is the auto-correlation matrix of the received
signal Y . Let βm1,m2 with 0 ≤ m1, m2 ≤ N − 1 denote an element in the auto-







. Using the assumption that X and W are uncorrelated, we










































































, is calculated as































Figure 4.9: Q-tap MMSE Equalizer SER with SNR=20dB













, if k1, k2 ∈ Sp
Esδ (k1 − k2) , if k1, k2 /∈ Sp
0, otherwise
. (4.30)
Next we proceed with the calculation of the cross-correlation between ICI coef-


































Now, the WSSUS properties of the time-varying channel described by Eqs. (2.12), (2.13), (2.15)




















































































N φτ (τl), where φτ (τl) is the multipath
intensity profile of the channel, which is defined in Eq. (2.13). Several multipath
intensity profiles for different wireless channel models are given in [34]. If k1 = k2,
Υ(k1 − k2) is simplified to be 1. And if k1 
= k2, Υ(k1 − k2) depends on the adopted
channel model. It is noted that no close-form expression for Eq. (4.32) can be available
while the numerical evaluation has to take place. The last term in Eq. (4.29) is the
auto-correlation of the noise, Wk, which is given by Eq. (2.25c). Summarizing all of

































































2π (n1 − n2) εD
N
)
+ σ2W δ(m1 − m2).
Since R̃Y Y H is constant for estimating every Ĉm,k, we do not need to re-calculate
R̃Y Y H for estimating a new element Cm,k in C̃ each time.
B. Calculation of ρY Cm,k
According to Eq. (4.27), ρY Cm,k is the cross-correlation between the received
signal Y and the ICI coefficient Cm,k. Let ρm1 , for 0 ≤ m1 ≤ N − 1, represent an































































Figure 4.12: SER of the Q-tap MMSE and DF Equalizers with εD = 0.4
It is assumed that the ICI coefficient Cm,k and AWGN Wk are uncorrelated, the











If the transmitted signal Xk1 is not a pilot signal, we obtain
E {Xk1} = 0. (4.36)
In summary, the cross-correlation between the received signal Y and the ICI coeffi-


















is given in Eq. (4.32) by setting m2 = m and k2 = k. Substi-
tuting Eqs. (4.33) and (4.37) into Eq. (4.24), we can determine the optimum Wiener
filter coefficients vm,k for estimating the ICI coefficient Cm,k according to Eq. (4.24).
Once the ICI coefficient matrix C̃ is obtained, the equalizer schemes proposed in
78


























Figure 4.13: SER of the Q-tap MMSE and DF Equalizers with εD = 0.8
Section 4.1 can be deployed to mitigate the ICI, and thus improve the overall system
performance.
Since the calculation of the cross-correlation vector ρY Cm,k depends on the sub-
carrier indexes m and k, the optimum MMSE ICI coefficient estimator vm,k given by
Eq. (4.26) will in general be different for each element in the ICI coefficient matrix C̃.
It means that a huge computational burden is required for estimating C̃ especially
for a large number of subcarriers. However, as we mentioned in the Section 4.1, a Q-
tap equalizer would reduce the computational complexity by only sacrificing a slight
performance degradation. Therefore, instead of trying to estimate every element in
the matrix C̃, we only need to estimate a certain elements in the C̃ matrix, which
are the elements given in Eq. (4.13c). In this way, we do not have to estimate the
complete C̃.
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Practically, the proposed pilot-aided Wiener filter for estimating the ICI coefficient
matrix C̃ is computationally heavy especially for a large number of subcarriers. However,
the auto-correlation matrix R̃Y Y H of the received signal given by Eq. (4.33) and the cross-
correlation vector ρm,k in Eq. (4.37) can be calculated in advance at the receiver if we know
the channel statistics beforehand. It is reasonable to assume that the channel statistical
properties do not dramatically change very often. Therefore, it is not necessary the calculate
R̃Y Y H and ρρm,k frequently once a new incoming signal is available at the receiver. This
would greatly reduce the computational complexity. However, another problem arises from
this employment. There exists a mismatch between the actual channel characteristics and
the pre-established channel statistics where a particular estimator is designed. It is obvious
that the performance of the pilot-aided Wiener filter based ICI coefficient estimator will
degrade. To obtain the insights into the performance of the ICI coefficient estimators,
Monte Carlo simulation results are presented in the next sub-section. Also, this channel
mismatch problem is investigate through the simulations in the next sub-section.
4.2.2 ICI Coefficient Estimation Simulation Results
To evaluate the performance of our derived optimum MMSE ICI coefficient matrix C̃
estimator, we present the Monte Carlo simulation results here. The underlying parameters
are the same as those in Sub-section 4.1.3.







|Ĉm,k − Cm,k|2. (4.38)
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We depict the MSE curves versus the SNR in Fig. 4.14 and Fig. 4.15 where the maximum
OFDM symbol normalized Doppler frequency εD is set as 0.08 and 0.4, respectively. In
these simulations, different pilot overheads in one OFDM symbol block are considered.
The overhead ratios between the number of pilots and the total number of subcarriers, i.e.,
Np
N
, are illustrated for different curves in the figures. According to Figures 4.14 and 4.15,
the MSE curves appear to have error floors. It is noted that the error floor level decreases
as the number of pilot symbols in one OFDM symbol increases, and the error floor level
increases as the maximum OFDM symbol normalized Doppler frequency shift increases.
Since the proposed pilot-aided ICI coefficient estimation algorithm requires the



















Figure 4.14: MSE of C̃ estimation with εD = 0.08
knowledge of the channel’s statistical properties, and in practice, the actual channel char-
acteristics is almost always unknown, there may exist a mismatch in between. Hence our
proposed ICI coefficient estimation algorithm performance would degrade. To study this
mismatch problem, we provide Figures 4.16, 4.17 and 4.18 to illustrate this phenomenon.
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Figure 4.15: MSE of C̃ estimation with εD = 0.4
In Figure 4.16, the maximum OFDM symbol normalized Doppler frequency is mismatched.
The actual maximum OFDM symbol normalized Doppler frequency is set as 0.1 but the
maximum OFDM symbol normalized Doppler frequency for the pilot-aided ICI coefficient
estimation is set as 0.6. It is observed from Figure 4.16 that the mismatch in maximum
OFDM symbol normalized Doppler frequency obviously increases the MSE. However, the
MSE performance margin caused by this mismatch is less than that due to the decrease in
the number of pilot symbols. For the extreme case which is labeled as “full” in the figures,
if all transmitted symbols are pilots, the MSE performance margin due to the maximum
OFDM symbol normalized Doppler frequency mismatch is negligible.
In the next simulation, we assume that the maximum OFDM symbol normalized
Doppler frequency is perfectly known, and there exists a mismatch between the actual
channel multipath intensity profile φτ (τl) and the pre-set multipath intensity profile. Fig-
ures 4.17 and 4.18 depict the MSE curves versus SNR when the maximum OFDM symbol
82
normalized Doppler frequency are set as 0.1 and 0.3, respectively. According to Figures 4.17
and 4.18, we observe that the MSE performance margin due to this multipath intensity pro-
file mismatch are negligible for all kinds of pilot overheads and different maximum OFDM
symbol normalized Doppler frequencies. According to Figures 4.16, 4.17 and 4.18, we can
conclude that the mismatch in the Doppler frequencies dominates the MSE performance
margin over the mismatch in the channel multipath intensity profiles since the mobility is
the crucial factor in the wireless communications.






















Figure 4.16: MSE of C̃ estimation with εD mismatch
4.2.3 Summary for ICI Coefficient Estimation
We have derived a pilot-aided ICI coefficient estimator for the OFDM in the rapid
time-varying environments, which is based on the MMSE Wiener filtering. Our proposed
algorithm utilizes the correlation properties of the channels. From the simulation results,
we can conclude that the time-varying nature of the channel, rather than the channel
mismatch, is the dominant effect in this pilot-aided Wiener filtering based ICI coefficient
83






















Figure 4.17: MSE of C̃ estimation with φτ (τl) mismatch
estimation scheme. Furthermore, if only a single OFDM symbol is available at the receiver,
our proposed scheme will suffer from an irreducible error floor when the ICI dominates all
kinds of interferences and noise due to the time-varying nature of the channels. And it
is also observed that as the number of pilots increases, the system throughput and the
error floor decrease. It means that the proposed ICI coefficient estimator could achieve
a better MSE performance in the sacrifice of the system throughput. Finally, from the
simulation results, we can conclude that the Doppler frequency mismatch dominates in the
performance degradation.
Once the ICI coefficient matrix C̃ is estimated, the linear MMSE or the non-linear
DF equalizers could be employed at the receiver to mitigate the ICI, and thus improve
the system performance. In the next section, the simulation results, which are obtained
from the OFDM system incorporating the pilot-aided Wiener filtering based ICI coefficient
estimations with the Q-tap equalizers in Section 4.1, are presented to test the overall
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Figure 4.18: MSE of C̃ estimation with φτ (τl) mismatch
performance improvements over the fast time-varying fading channels.
4.3 ICI Mitigation Summary
Based on the analysis in Chapter 2, we propose the Q-tap linear MMSE and non-
linear DF equalizers in the frequency domain to suppress the ICI in Section 4.1. It was
demonstrated that due to the large number of subcarriers in one OFDM symbol N , the con-
ventional MMSE equalizer which involves an N -by-N matrix inverse as shown in Eq. (4.2)
is not feasible. In addition, based on the ICI property investigated in Section 2.3.2, the
computation complexity of the conventional MMSE equalizer could be significantly reduced
using the Q-tap equalizers in Section 4.1 in a slight trade-off of the SER performance. In
Section 4.2, a pilot-aided ICI coefficient estimator via the Wiener filtering was designed
under the WSSUS channel model assumption. To conclude this chapter, we incorporate the
Q-tap equalizers with the ICI coefficient estimator to test the overall system performance
in terms of the SER. The system parameters comply with those in Sub-section 4.1.3. The
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pilot overhead is 1
16
per OFDM symbol block. The maximum OFDM symbol normalized
Doppler frequencies are set as 0.06 and 0.8. SNR varies from 0dB to 30dB. The perfor-
mances of a 7-tap linear MMSE and a 7-tap non-linear DF equalizers are tested. The
modulation schemes are QPSK and 16QAM. The following are the simulation results.
Figure 4.19 depicts the symbol error rate as the function of SNR when the maximum
OFDM symbol normalized Doppler frequency εD is set as 0.06. If we compare the SER
curves in Figures 2.9 and 4.19, we observe that our proposed ICI mitigation scheme, in
which a Q-tap equalizer incorporated with the MMSE ICI coefficient estimation algorithm,
greatly outperforms the conventional OFDM system with a one-tap equalizer. It is also
observed that for the 16QAM modulation, two aforementioned equalizers lead to almost the
same performance. For the QPSK modulation, the DF non-linear equalizer outperforms
the MMSE linear equalizer. As the SNR increases, the performance margin using the DF
non-linear equalizer over the MMSE linear equalizer becomes large.
Figure 4.20 illustrates the SER as the function of SNR when the maximum OFDM
symbol normalized Doppler frequency εD is set as 0.8. According to Figure 4.20, we discover
that at high maximum OFDM symbol normalized Doppler frequency values in Figure 4.20,
our proposed ICI mitigation technique still outperforms the conventional OFDM receiver
with a one-tap equalizer.
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Figure 4.19: SER after ICI mitigation with εD = 0.06

























Figure 4.20: SER after ICI mitigation with εD = 0.8
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Chapter 5
An Alternative ICI Mitigation Algorithm
In this chapter, an alternative proposed algorithm using the second approach as
stated in the previous section 3.2 is introduced and it is based on the ICI self-cancellation
precoder [19][20]. In the ICI self-cancellation precoder scheme, the redundancies are made
by repeating the information symbols twice or more prior to the OFDM modulation for the
future ICI cancellation at the receiver. Specifically we fix the ICI self-cancellation precoder











At the receiver, the ICI self-cancellation decoder is simply implemented as a differen-
tial decoder [19][20], such that the decoded signal before symbol detection can be obtained
as
ek = Y2k − Y2k+1 0 ≤ k ≤ N/2 − 1 (5.2)
= (αk − α2k+1)dm + I2k − I2k+1 + W2k − W2k+1
= ςkdk + nk,
where ςk = αk − α2k+1, I2k and I2k+1 are the ICIs for the subcarrier Y2k and Y2k+1, respec-
tively, which are defined in Eq. (2.26). The aggregate noise nk = I2k −I2k+1 +W2k −W2k+1
can be well approximated as an additive Gaussian process as long as N is large by the
central limit theorem.
88
Typically, the decoded signal in Eq. (5.2) should be directly sent for the maximum a
posteriori (MAP) probability detection to obtain the symbol estimates [19][20]. However,
the crucial ambiguity problems arise for the time-varying channel in the presence of mul-
tiple Doppler frequencies [69]. Since ςk is unknown, the phase and amplitude ambiguities
caused by ςk as defined in Eq. (5.2) would severely limit the symbol detection accuracy.
Therefore, we propose a novel phase and amplitude estimation algorithm here to solve this
ambiguity problem associated with ςk using an expectation-maximization (EM) [68]-based
scheme [69].
The previously described ambiguities can be characterized as the following terminolo-
gies: composite phase, defined as ζk ≡  (ςk) and composite amplitude, defined as k ≡ |ςk|
for the kth subcarrier. Consequently, Eq. (5.2) can be reformulated as
ek = ke
jζkdk + nk, 0 ≤ k ≤ N
2
− 1. (5.3)
The time-varying characteristics of ςk induces the changes of these composite phases and
composite amplitudes. The statistical estimation technique, EM algorithm, is therefore
applied here to track the time-varying parameters ζk and k. For a QPSK or QAM con-
stellation, the ICI self-cancellation decoded signal in Eq. (5.2) is complex-valued. Since the
probability density function of the random process ek can obviously be described by a com-
plex Gaussian mixture model [68] according to Eq. (5.3), we can transform complex-valued
ek into two-dimensional vectors for convenience. Thus, the real and imaginary parts of ek
can be expressed in a vector form as
Ek ≡ [(ek) (ek)]T . (5.4)
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The signal vectors Ek in Eq. (5.4) form a two-dimensional Gaussian mixture process [68]
with cluster mean vectors related to the signal constellation. The signal constellation
vectors in M-QAM can be denoted as Sm = [Sr, Si]
T , m = 1, 2, · · · , M . According to















where om is the cluster mean, ∆̃m is the covariance matrix and Pm is the a priori probability
of the constellation symbol Sm, for m = 1, 2, · · · , M . Following Eq. (5.3), the cluster mean
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According to Eq. (5.7) and Eq. (5.8), it is clear that the estimated average composite phase ζ̂
and the estimated average composite amplitude ̂ can be determined once the cluster mean
vectors Ml are estimated. The following is our proposed algorithm to estimate the cluster
mean vectors om and solve the problem of phase and amplitude ambiguities.
The cluster mean vectors om and the covariance matrices ∆̃m in Eq. (5.5) are consid-
ered as the parameters to be estimated. Given the Gaussian mixture probability density
function in Eq. (5.5), expectation-maximization (EM) based estimation algorithm can be
applied to determine the optimal maximum-likelihood estimates for om and ∆̃m [68]. The

















is given by Eq. (5.5).
To search for the optimal estimates of the cluster mean vectors and the covariance
matrices in Eq. (5.9), the iterative EM algorithm in [68] can be applied. The simulation




We conclude this dissertation here. This dissertation provides a solution to improve
the OFDM system performance using the ICI mitigation techniques for the fast time-
varying fading channels in the presence of multiple Doppler frequency shifts. The time-
varying fading channels with multiple Doppler frequency shifts would destroy the orthog-
onality among subcarriers in OFDM, and result in the ICI, which leads to an irreducible
error probability floor. This error probability floor is proportional to the maximum OFDM
symbol normalized Doppler frequency shift. Accordingly, we propose a time-varying ICI co-
efficient estimator incorporated with new Q-tap equalizers to suppress the ICI for a better
detection performance.
In this dissertation, first, We study the impact of the channel variations in the pres-
ence of multiple Doppler frequency shifts on the OFDM performance. We also analyze the
ICI power due to the time-varying natures of the mobile channels. We discover that the
ICI power arises from just a few adjacent subcarriers. We also show that as the maximum
OFDM symbol normalized Doppler frequency shift increases, more neighboring subcarriers
are involved to interfere the subject subcarrier. These studies motivate us to the design
the low-complexity Q-tap equalizers (MMSE linear equalizer and DF non-linear equalizer)
for the ICI suppression. The MMSE linear equalizer exhibits the error probability floor
when the maximum OFDM symbol normalized Doppler frequency shift is large, while the
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DF non-linear equalizer can achieve the better SER performance. Both equalizers can out-
perform the conventional OFDM system with a one-tap equalizer.
To employ these equalizers at the receiver to suppress the ICI, the channel state
information is also required. The time-varying channel estimation and tracking are very
challenging, especially when the channel experiences multipath fadings. In this disserta-
tion, we design a pilot-aided linear ICI coefficient estimator based on the Winer filtering.
Our proposed channel estimator utilizes the channel statistical properties. Furthermore,
we have investigated the performance margins due to the the maximum OFDM symbol nor-
malized Doppler frequency shift and the multipath intensity profile mismatches. According
to our experiments, the number of pilot signals in one OFDM symbol rather than the
channel statistical mismatch is the dominant factor of the OFDM performance. Therefore,
our proposed pilot-aided ICI coefficient estimation algorithm using the Wiener filtering is
shown to be robust over the time-varying channel characteristics.
On the other hand, we have also introduced an alternative ICI mitigation algorithm
which depends on the ICI self-cancellation coding. The associated phase and amplitude
ambiguity problems are discussed. The EM-based approach to solve the ambiguity prob-
lems is also presented in this dissertation.
There still remain several issues for the future research. For example, if two or more
OFDM symbols are acquired, the error probability floor of our proposed pilot-aided ICI
coefficient estimation algorithm using the Wiener filtering would vanish. In this situation,
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more sophisticated channel statistical properties are required to re-calculate the ICI coef-
ficient matrix C̃. Moreover, instead of the ICI coefficient matrix C̃ estimates are carried
out, which are independent from one OFDM symbol to another, we could develop a new
estimation algorithm to adaptively track the changes in the ICI coefficients. Future study
on how to explore the correlations between the ICI coefficient matrices for different OFDM
symbol blocks can be pursued.
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